JOURNAL INTERNATIONAL INTERNATIONALE 


INTERNATIONAL JOURNAL AKUSTISCHE 
D’ACOUSTIQUE ON ACOUSTICS ZEITSCHRIFT 
sous le patronage sponsored by the Acoustics Group unter Mitwirkung 
du Groupement des Acousticiens of the Physical Society des Verbandes der Deutschen 
de Langue Frangaise of London Physikalischen Gesellschaften 
edited by 


Prof. Dr.C.W. KOSTEN 


editor-in-chief 


publié par DELFT herausgegeben von 
Dr. F. CANAC Dr. E.G. RICHARDSON Prof. Me E.MEYER 
MARSEILLE GOTTINGEN 


NEWCASTLE UPON TYNE 


Prof. Dr.A.GIACOMINI 
ROMA 


S. HIRZEL VERLAG - ZURICH 


fie 7 


Correction 


Les pages du fascicule 4 ont été 
numérotées par mégarde de 403 4 
450 au lieu de 471 a 518. On est prié 
de rectifier la pagination de ce fasci- 
cule. 


Correction 


By an oversight, the pages of Part 


4 were numbered 403—450 instead ~ 


of 471—518. Please correct these page 
numbers. 


richtigen. 


Be i 0 iow 


Versehentlich erhielt d: 


Seitenzahlen 403—450. 
die Seitenzahlen dieses 


REPRINT 


FOR 


PMC Blres Ti Gea. 


OF THE 


ELECTRO-ACOUSTICS 


EDITED BY 
Cc. W. KOSTEN 
AND 


M. L. KASTELEYN 


1953 
NETHERLANDS 


PACUSTICA 


Vol. 4 


1954 


No. 1 


INTRODUCTION 


This issue, the first number of volume 4, has a special 
character in that it is a reprint of the ’’Proceedings of the 
FIRST ICA-CONGRESS”, held in the Netherlands from 
16th --- 24th June 1953. The original ’’Proceedings’’ were 
distributed only among the Congress members. The Congress 
Committee as well as the Editors of Acustica agreed unani- 
mously that a reprint in Acustica is worth while, thus giving 
the Proceedings” a wider circulation and maintaining them 
as current literature. 

Since proceedings are not a compilation of a great many 
incoherent contributions, the character of this issue deviates 
somewhat from the usual one. The contributions are grouped 
together in sections, each covering the activities of the relative 
Sections” of the Congress. In order to keep the extent of the 
”Proceedings” within acceptable limits the text of the con- 
tributions had to be very concise. On the one hand this 
may sometimes cause difficulties for the reader, on the other 
hand a very lively survey is given which enables the reader 
to get a good idea of the recent developments in the field of 
electro-acoustics. 

In order to enable a rapid orientation it was thought 
desirable not to omit the original contents and authors’ index. 
They will not be inserted again in the indices of the entire 
Acustica volume 1954. 

At the very end of the ’’Proceedings’”’ a membership list 
can be found which may be of use to many readers of Acustica 
as it contains full addresses of the authors. 
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FOREWORD 


iq teak ”"PROCEEDINGS”” COVER THE FIRST ICA-CONGRESS 
held in the Netherlands from 16th to 24th June 1953. The Congress was organised by the Netherlands 
Acoustical Society ’’Geluidstichting’’, which appointed a Congress Committee ad hoc. 

The subject matter, electro-acoustics, was divided into six sections (see page 8). Six leading acousticians 
were invited to preside over a section and to give a ’’General Review”’ of the field covered by the section. 
These General Reviews were read in combined sessions for all members of the Congress. An international 
symposium on sound insulation of lightweight structures was held during the Congress period. For convenience 
it had been inserted in the programme as a special section, also under the presidency of a General Reviewer. 
As many as 83 short communications were read in concurrent sessions of the sections, with the General 
Reviewers in the Chair. The sessions took place in two adjacent laboratories of the Technological University 
of Delft, viz. the Laboratory for Technical. Physics, where the Congress Centre had been arranged, and 
the Laboratory for Electrotechnics. The texts of the General Reviews, the short communications and most 
of the discussions have been collected in this book. 

In order to maintain the valuable contents of the ’’Proceedings” as current literature they will .be 
reprinted in Acustica as the first issue of 1954, 


It seems appropriate to put some of the other activities on record too. The Opening Session (16th June), 
held in the famous Knights’ Hall in The Hague, consisted of the presidential address of welcome, the formal 
opening of the Congress by His Excellency the Minister of Education, Arts and Sciences and the opening 
lecture by Prof. R. H. Bott (see page 11). After the Opening Session members and their associates were 
received by the Government and the Municipality of The Hague. 

The Municipality of Delft received the Congress members and their associates in the evening of 17th June. 
The Congress Dinner and Dance was held at Scheveningen on 18th June and was attended by most members. 

Two whole-day excursions formed part of the programme, viz. on 19th June to the ’’ Nederlandse Radio- 
Unie” at Hilversum and Philips Phonographic Industries at Baarn and on 22nd June to Philips Industries at 
Eindhoven. A short report of these excursions is to be found on page 297. 

The Closing Session was held at Delft in the University’s ancient Aula. Prof. H. B. G. Casimir, one of 
the directors of Philips Research Laboratories, gave the closing lecture (page 295). 

The attendance at the Congress was truly international, with 314 members from 22 countries and 65 
associate members (see Membership List on page 303). 

The Congress Committee were very much gratified by the invaluable help received from all sides (see 
list of participating bodies, page 6). 

Whereas the major part of the financial aid came of course from Dutch sources, it should be gratefully 
acknowledged here that a considerable support, including a subsidy for the printing costs of these ’’Pro- 
ceedings’, was granted by UNESCO —the United Nations Educational, Scientific and Cultural Organi- 
sation — through the intermediary of IUPAP-ICA. 

Out of the long list of those who assisted individually for the benefit of the Congress I mention Miss C, 
VeERSCHOOR who, beside her activity in the planning and management of the Congress Centre, ably organised 
the Ladies’ Programme, Ir. P. A. DE LANGE, organising secretary, and Ir, M. L. KasTELEyN, co-editor of 
the ’’Proceedings’’. 

It was thought very desirable to publish the communications as soon after the Congress as possible, This 
would never have been achieved, but for the linguistic help of Dr. F. Canac, Marseilles, Prof. ‘dr. E. Meyer, 
Gottingen, Dr. E. G. RICHARDSON, Newcastle upon Tyne, the French, Getman and English editors of 
Acustica respectively, the very valuable assistance by Ing. F. RUHMANN, Waiblingen, and last but not 
least the understanding co-operation of the authors themselves. 


The President of the Congress 
Delft, February 1954. C. W. KosTEn 
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OPENING LECTURE 


by R. H. Bott 


President of the International Commission on Acoustics 


Ws are gathered here on this the sixteenth day of June in nineteen hundred and fifty-three to inaugurate 

a formal international collaboration in the field of acoustics, and to participate in the first organized 
activity of that collaboration, an International Congress on Electro-Acoustics. On this occasion, as in any 
inaugural event, it seems appropriate to review the past and to predict the future. Before deciding to do so, 
however, one must recognize certain pitfalls. Historical reviews run the danger of becoming tedious, es- 
pecially for an audience that already knows this history better perhaps than does the speaker. Forecasting 
the future is equally hazardous, particularly when the audience is the very group whose actions of tomorrow 
will mould the future that is predicted today. 

A particular solution to this dilemma can be found for the subject of acoustics. The evolution of this 
field has followed a basic thread of significance so impelling that the progression of events from past to 
present is seen to be an inescapable pattern of progress. Therefore we need not recite in detail the historical 
developments of acoustics. We need only to cite certain events as landmarks in the unfolding pattern. 
We need not venture the blueprints of achievements yet to come. We need only to trace the thread through 
the contributions of today, and these will point unmistakably to the character and role of the NEw Acoustics 
of tomorrow. 

The fundamental line of thought to which my remarks will be directed is indeed basic, for it deals with 
inherent characteristics of man and of the physical world in which he lives. Man can hear and man can 
make sounds with his own vocal mechanism. The physical environment is composed of matter, in solid, 
liquid and gaseous forms. All matter is a distribution of mass, systematized by forces which in the gross 
scale we call elastic forces. Because of mass and stiffness, in many combinations, all forms of matter can 
vibrate and can transmit vibratory mechanical energy or sound waves. But these are the very waves that 
interact with man, when he listens and when he talks. These aspects together constitute the subject matter 
of acoustics: vibratory mechanical energy and its interaction with man. In this sense the subject of acoustics 
is as old as man himself. 

The art of acoustics, as distinct from the phenomena which it studies and manipulates, had its beginnings 
about 2500 years ago, with the work of PyrHacoras on the vibrations of strings and the musical effect 
of the sounds they produce. Under this definition, the study of acoustics is about as old as any of man’s 
intellectual endeavours. Much more important than historical precedent, however, is the manner in which 
PyTHAGorAs studied his problem. He did not separate physics from engineering. Those, of course, were 
not his words, but he must have recognized that the question: ’’How does it work?” was different from 
the question: "How do you build a better musical instrument ?’’. He did not isolate the subjective from 
the objective, but rather accepted these as two natural parts of a single problem. In other words, he looked 
at the problem as a whole. 
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Let us keep this point of view in mind as we proceed to trace the several lines of development that are 
converging today to form the New Acoustics. This is an integrated field of technology that borrows from 
and contributes to mathematics and physics, psychology. and physiology, electrical engineering and chemistry, 
medicine, architecture and music. From this melting pot of acoustics there emerge essentially two kinds 
of alloys. One is a product that serves man directly in his acoustic interactions with the physical environment. 
The other is a tool or a technique that is useful for research or industrial applications in general. We may 
think of these latter contributions as by-products that repay in some measure the debt of the New Acoustics 
to the many fields from which it sprung. 

Let us introduce one further generalization to which we shall speak. Just what is electro-acoustics, and 
why is it an appropriate subject for this inaugural International Congress? In the purely technical sense 
electro-acoustics is that branch of the field that deals with the transduction of energy between its acoustical 
and electrical forms. By utilizing the electrical form we extend enormously our capabilities for generating, 
transmitting, receiving and measuring acoustical energy. We can at once employ the versatility of electro- 
magnetic waves and electrons. But in a deeper sense, electro-acoustics is today a major link between the 
ideas of acoustics and the uses of acoustics. Our physical theories are tested in experiments using electro- 
acoustic instruments. The applications of acoustics are guided by electro-acoustic measurements, and in 
many cases the product itself contains electronic equipment and transducers. Electro-acoustics is indeed’ 
a common currency for the New Acoustics, a logical subject for this Congress. 

We have mentioned that PyTHAGORAS was perhaps the earliest practitioner in our field, and that he was 
interested in musical sounds and instruments. Another contribution of his era was the Greek theatre. 
Here the unfolding art of drama was brought to the people. Here also the social and political news of the 
day was communicated to all who gathered on the steeply rising steps. The acoustical requirements for 
these functions were admirably satisfied by the geometry and by the reflecting surfaces around the stage. 
There was also some acoustic gadgetry, resonant vases and masks with megaphones to strengthen the 
words of the actors. To some extent, the actors and orators themselves helped solve the acoustics problem 
by exaggerating their enunciation and intonation. Thus in the earliest practices of acoustics we see the 
origin of collaborative efforts in which the architect and the builder, the scientifically-minded philosopher 
and the orator all combined to enhance the use of sound for purposes of communication and entertainment. 

Our pilgrimage stops briefly at the door of Virruvius, whose monumental writings on architecture sum- 
marized the practices of the Greek and Roman builders. In these books Virruvius set forth the existing 
knowledge of building acoustics, integrated in a natural way with the general problems of architectural 
design and construction. 

Through many centuries that followed the Roman civilization, acoustics seems to have been dormant, 
and then came a gradual awakening of activity in the musical arts. There was much experimentation with 
musical instruments, with percussive devices, strings, and pipes. New tone colours and dynamics, new 
methods of construction and techniques of performance were tried in profusion. There were some monsters 
at least as frightening as any electro-acoustic musical instrument that has yet been devised. 


"The ancestor of the tuba, in the brass choir, for instance, was a thing called appropriately enough, the serpent, It 
was built of wood, covered with leather, was pierced with finger holes, and in general appearance resembled the death 
agonies of a boa constrictor. The sounds it emitted, indescribably horrible in themselves, were not even in tune; for the 
finger holes were placed, not where they would produce notes of the correct pitch, but where the player’s fingers could 
reach them. This same habit of favouring the player’s comfort over the laws of acoustics made the flute and clarinet of 
the 18th and early 19th centuries instruments whose intonation would make a modern symphony subscriber squirm.” [1] 


Throughout these same centuries the material of music itself was undergoing an evolutionary process. 
Starting with solo voices or two voices in unison and octave, there were gradually introduced additional 
voices in fifths, thirds, and fourths. And little by little the harmonic structure of music became more in- 
tricate, the palate of the composer more rich. The underlying laws of acoustics, the harmonic properties 
of strings and pipes, the adaptation of man to consonance and dissonance, were unobtrusively but resolutely 
at work. In the end products—the organ, the orchestra, the music of today— we cannot distinctly separate 
the contributions of the craftsmen and the composer, the scientist and the virtuoso, the listener and the 
musicologist. All of these people have together, through centuries of collaboration, produced today’s contri- 
butions of acoustics to the musical arts. ures 

By the year 1600 the stage was set for the awakening of physical science. No period in history has had 
a more profound influence on man’s intellectual struggle with the world around him. Intimately entwined 
with the birth of physics itself was the first thread of physical acoustics. GALILEO in Italy, MERSENNE in 
France and Hooke in England were making the first quantitative observations on vibration and sound. 
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New methods of mathematical analysis were becoming available to describe such phenomena as the pro- 
pagation of continuous waves in a fluid medium, and soon this new mode of thinking was systematized 
in the monumental writings of Isaac NEwTon. 

In this same period, while the science of sound was emerging as an integral part of physical science in 
general, there occurred an event which is particularly appropriate to commemorate today. The infant 
science of sound was first recognized as a distinct personality and was christened by JosEPH SAUVEUR, 
who gave it the name ’’acoustics’’. 

And now one is strongly tempted to recount the impressive story of the development of physical acoustics 
from 1700 to 1900, but we have agreed that history, as such, is not our message today. Let us then simply 
recite in recognition the names of BERNOULLI and EuLER, FOURIER and LAGRANGE, CHLADNI and KircHHOFF, 
LAPLACE, Poisson and BoLTZMANN, HELMHOLTZ and RAYLEIGH. Hardly any aspect of mathematics and 
pure physics was left untouched by these great scientists, and yet it is this same group that has given us 
nearly all of the principles of the theory of sound. To them there were no arbitrary divisions among physical 
truths. Their creativeness was built on depth of knowledge and breadth of interest. These same attributes 
of intellectual vision must be carefully fostered today, in the face of increasingly diverse attractions in 
applied acoustics, if we are to insure the continued productivity of our field. 

We have already noted that the subjective aspects of sound, particularly the aesthetic quality of musical 
sounds, have aroused considerable curiosity for some 2500 years. Serious attempts to relate the subjective 
experiences to the mechanism of hearing commenced about the time the science of physics was awakening. 
Progress was less rapid, however, because it was dependent upon a knowledge of anatomy and physiology, 
and these subjects were slow to advance in those years. The relation between pitch and frequency was 
recognized by GALILEO, SAUVEUR and MERSENNE. It was not until about 1800, however, that the frequency 
limits of audibility were studied, by SAVART, SEEBECK and Koenic. Shortly thereafter the initial hypothesis 
on the mechanism of audition was proposed by OHM. 

The first comprehensive treatise on the sensation of tone was contributed by HELMHOLTZ, who had a 
remarkable understanding of the life sciences as well as of physics. His work, together with subsequent 
contributions by RAYLEIGH and several of his contemporaries, marked the beginnings of physiological and 
psychological acoustics. During the first quarter of the present century the problems of hearing began 
to attract the attention of many experimental psychologists and physiologists. Thresholds and differential 
sensitivities for pitch and loudness were measured. Newly available electronic techniques led to such 
significant discoveries as those of cochlear potentials and microphonics. 

Now, within the last few years, we have come to recognize that all of these facets of subjective acoustics 
are closely interrelated. With this unifying view there has appeared a new name, ’’bio-acoustics’’, to en- 
compass all aspects of the study of man’s interaction with his physical environment. 

The forward progress of civilization is dependent in large measure on the application of new knowledge 
to beneficent purposes. We see this process at work in the field of acoustics, in the early use of ear trumpets 
to aid the hard of hearing and in the interpretation of human sounds of coughing, breathing and heartbeats 
for the diagnosis of ailments. The stethoscope as a specific diagnostic instrument was devised by a French 
physician, LAENNEC, about 100 years ago. The advent of the telephone and the vacuum tube led to entirely 
new electro-acoustic techniques for aiding the deaf and diagnosing the sick. The growing importance of 
these applications is exemplified in the session on hearing aids and audiometers at this Congress and in 
current research activity in medical ultrasonics. 

The phenomenon of sound is not exclusively beneficent. Unwanted sounds can be a nuisance in the 
home and in the office, and can interfere with speech communication. Intense noise can damage the hearing 
mechanism and in other ways adversely affect the health of man. It is, therefore, a duty of the field of 
acoustics to seek methods for the control of noise and to monitor the ever-increasing noisiness of modern 
industrial living. 


Let us now return to our central theme. We have drawn on certain historical references to examine the 
pattern of progress in acoustics. In so doing, we have introduced the several elements that combine to 
form the structure of the New Acoustics. This field has a nucleus of two parts: physical acoustics and 
bio-acoustics. The activity of the nucleus is basic research. On the one side is physical research in the 
mechanisms of sound generation, transmission and reception, and in the behaviour of matter in the presence 
of vibratory forces. On the other side is psychological and physiological research in the perception of sound, 
in the transmission of acoustic information through the nervous system, and in the behavioural response 
of individuals to the sounds around them. 
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This dual nucleus feeds the applications of acoustics in four general areas: 1) audio communications, 
2) musical arts and entertainment, 3) health, comfort and safety, and 4) techniques for science and industry. 
The entire structure is served by electro-acoustics, which deals with instrumentation for basic research 
and with devices that are used in nearly every phase of application. 

The area of communications includes the continuing improvement of microphones, loudspeakers and 
associated components; the analysis and synthesis of speech sounds; the design of rooms for speech; and 
the development of electrical communication systems. The health and comfort of man are served by hearing 
aids and audiometers; by the control of noise in buildings and in machines; by planning and legislation 
for the abatement of environmental noise; and by the application of acoustics to medical diagnosis and 
treatment. To the musical arts acoustics brings the analysis of musical sounds and their subjective aesthetic 
effects; the synthesis of new musical instruments; the improvement of music recording and reproducing 
equipment; and the designing of finer music studios and concert halls. 

In the realm of new techniques for science and industry the applications are already so numerous that 
they touch nearly every field of technology. Sound waves are used in the analysis of chemical substances, 
in the testing of metals and plastics, in navigation and underwater location, in geophysics, in the cleaning 
of surfaces and the preparation of materials. New uses for sound are developing so rapidly that the photo- 
electric magic eye’, with all its industrial accomplishments, will soon be matched in versatility and in- 
genuity by the "magic ear’”’ of sonics. 

These four areas of application, in turn, are linked collaboratively with many other fields of science and 
engineering. These include physics and chemistry, radio, telephone and electrical engineering in general, 
music, architecture and structural engineering, medicine, public health, psychology, physiology, metallurgy. 
We should not infer that the field of acoustics is unique in possessing so complicated a structure, for many 
fields of technology can similarly be described by a basic nucleus, a limited number of primary functions 
and a multiplicity of connections with other fields. But the very recognition of this organizational character 
is one of the significant contributions of the present era. And again, acoustics is among the pioneers in 
understanding and pursuing an integrated approach to a total problem of man and his environment. 

This approach is not without its difficulties. From PyTHAGORAS to RAYLEIGH it was possible for a single 
individual to master a sufficiently wide scope of the existing knowledge, so that he alone could make sig- 
nificant progress on a problem as a whole. Today this possibility is greatly diminished. Individual contri- 
butions are no less important, but they will tend to lie along increasingly specialized lines as viewed against 
the broad problem, 

The modern counterpart of the scientific savant is the research team which combines the requisite 
knowledge of many subjects. Often this team is a network of individuals or small groups in different cities 
or countries, working simultaneously on different aspects of a general problem. Essential for success under 
such circumstances is a thoroughly adequate communication system. The needed communications include 
individual visits and correspondence, seminars and meetings of societies, and scientific publications. 

Progress in acoustics during the last 25 years has been aided greatly by organized activities such as those 
of the Acoustical Society of America and of acoustics groups and societies in several other countries. Our 
experiences have shown that scientists and laboratories separated by hundreds or thousands of miles can 
indeed work as a team if adequate organizational assistance is available. 

The greatest responsibility of the New Acoustics, as it looks to the future, is to give all possible en- 
couragement to those who pursue basic researches on the interaction of sound with matter and with man. 
We who carry on the long tradition of acoustics must recognize clearly its basic problems, its multiple 
structure and its potentialities for service. We must emphasize the importance of broad educational ob- 
jectives for students with interests in acoustics. Through publications, societies and team efforts we must 
ease the difficulties of cross-collaboration among many specialized fields. This point of view is given inter- 
national recognition as we meet here today, as we share our knowledge at this Congress, as we initiate this 
international affiliation. 


The International Commission on Acoustics 


The manner in which the International Commission on Acoustics will attempt to fill its role can best 
be reported by commencing with a brief description of its relation to the United Nations. Working under 
the authority of the General Assembly, the Economic and Social Council deals with cultural, educational, 
health and related matters. Even before the founding of the United Nations, there were several inter- 
governmental agencies, such as the ones with which we are acquainted in the fields of telecommunications 
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and scientific standards. One of the tasks of the Economic and Social Council is to bring these existing 
agencies into coordination by negotiated agreements. Another task is to form new agencies as required 
to extend international collaboration and aid. One of these new bodies was the United Nations Educational 
Scientific and Cultural Organization, or simply UNESCO. 

Under UNESCO, in turn, the affairs are managed by more specialized agencies of which one is the 
International Council of Scientific Unions, or ICSU. From this Council the authority for official inter- 
national activities and the financial assistance for these activities flow directly into unions within the several 
established fields of science. We shall name only the International Union of Pure and Applied Physics, 
IUPAP. This Union, like others at its level, may establish Affiliated Commissions such as the International 
Commission on Optics, and it may establish Special Commissions such as the International Commission 
on Acoustics, ICA. 

We would seem to be at the end of a long chain of Command: UN, EcSoC, UNESCO, ICSU, IUPAP, 
ICA. Our situation might have been even more complicated, however, for it is within the power of the 
several International Unions to establish Joint Commissions. We could, for example, be established jointly 
between physics and psychology, or medicine or electrical communications. Such inter-field collaboration 
would indeed be appropriate in view of the multiple structure of the NEw Acoustics. But if the field has 
taken centuries to evolve we can allow a few years to work out carefully such international coordination as 
will best fit our particular needs. 

The International Commission on Acoustics itself is a body with seven members, all of whom are in 
attendance at this Congress. These members, each from a different country, were appointed by the Interna- 
tional Union of Pure and Applied Physics when it established the Commission in the summer of 1951. 
We held a meeting shortly thereafter in London, continued our discussions in the summer of 1952, and 
are again meeting during this week. Our main actions to date may be stated briefly as follows: 


1) We recognize the inter-disciplinary nature of the field of acoustics as discussed in this address. We 
have, accordingly, informed the International Union of Pure and Applied Physics that we shall explore 
informal collaboration with unions in other fields, but that we consider our present status as a Special 
Commission, fostered under physics, to be appropriate and desirable for an initial period of several years. 

2) We have established, through our Secretariat, an international clearing house for notices and schedules 
of activities of the several national groups and societies in acoustics, 

3) We have officially sponsored this first Congress and are planning to sponsor future congresses. 
4) Weare taking steps to encourage international fellowships and exchange visits among acoustics people 
in different countries. 

5) We desire the simplest possible organization, without duplication and unnecessary procedures, that 
can effectively foster the continuing advancement of acoustics on an international level. 


Now, in behalf of the Commission, I wish to extend greetings to all who are attending this Congress. 
We express our appreciation to the Honorary Committee, and our gratitude to the Netherlands Parti- 
cipating Bodies for their substantial assistance in making this a noteworthy occasion. And finally, we are 
deeply indebted to the Netherlands Acoustical Society for accepting the organizational responsibility, and 
especially to the Organizing Committee for their masterful planning of this, our inaugural International 
Congress. 
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SECTION I 
SOUND RECORDING 


GENERAL REVIEW 


by R. VERMEULEN 
Philips Research Laboratories, Eindhoven, Netherlands 


Sound recording has different aspects: the more 
technical one, that can be dealt with by measure- 
ments and calculations, design and invention; a more 
artistic one that we engineers would like to tackle 
in the same way, though we should not do so, and 
an economical one, which we cannot treat in an 
exact way, but which we still have to master some- 
how, as it is the decisive one. 

We feel most at home when we can discuss facts 
that can be measured, like: 

1) frequency range, 

2) response, steady state and transient, 
3) non-linear distortion, 

4) noise, 

5) playing time. 

These are quite distinct concepts, that can be 
evaluated separately, but which we find so intimately 
interlaced in the design of a sound recording system 
that to improve one we often have to tackle the 
other. What limits the frequency response of a 
gramophone record, for instance, is not the inertia 
of the mechanical system that cuts the groove, but 
the combination of the noise of the record material 
and the geometry of the groove (see paper by F. V. 
Hunt *). We find again and again that what was 
intended as an improvement in one respect can be 
used just as well or even better in removing a defi- 
ciency in quite a different respect. 

Why were long-playing records for instance made 
available only after the war and not before? Not so 
*) This and similar references in this General Review refer 


to papers, read in Section I, the text of which can be found 
hereafter. 


much because of any major invention in the field 
of disc recording but purely because the introduction 
of the high-frequency bias gave magnetic recording 
such an impetus that to meet its competition the 
gramophone record had to be freed from the bounds 
that fettered it to its mechanical reproducer. Al- 
though we find it hard to believe, even now half the 
gramophones are still mechanical ones. Perhaps the 
transistor will take care of these abominable things. 
As soon as it was deemed no longer necessary for the 
disc to be able to furnish the whole of the acoustic 
energy itself, it became possible to apply some 
improvements which already existed. The only thing 
that had to be done was to establish new standards. 
Just how difficult it is to find the one and only 
standard, however, is best shown by the three speeds 
of 334, 45 and 78 rev/min and by the variety of 
frequency characteristics now in use. 

As it is not necessary to exchange, handle and fix 
the permanent stylus, the latter can be of extremely 
small dimensions and the mass of the other moving 
parts of the pick-up can be reduced accordingly. The 
smaller forces thus required allow a sharper tip of 
the stylus, even when the latter is guided by a softer 
material such as plastic. We must not forget that the 
accelerations of the stylus are enormous, several 
hundred times that of gravitation, comparable to 
that occurring when a car moving at 100 km/h is 
stopped within 25 cm, 

The forces were further reduced by allowing the 
stylus to be free to move in the vertical direction. 
The smaller transverse forces also allow for a pro- 
portional reduction of the vertical force which has 
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to keep the tip of the stylus in contact with the 
record. This force has been reduced in the profes- 


sional pick-ups to something like 3 grammes weight 


(= 30 mN). 

The sharper needle will fit in a narrower groove, 
the smaller grooves can now come closer together 
without intersecting. The groove-pitch can also be 
reduced and thus we get a longer playing time. 
The sharper stylus tip, moreover, allows for repro- 
duction of smaller wavelengths; thus the speed of 
the turntable or the diameter of the inner groove 
can be reduced without loss of quality. 

Wax, formerly the only recording material, re- 
quires temperature control and careful handling, 
and implies the use of heavy discs. It has, however, 
now been superseded by lacquer. A smoother groove 
and hence less noise result from electrically heating 
the cutting-stylus and from the homogeneity of the 
plastic material into which the grooves are pressed. 
Negative feedback of the cutter reduces non-linear 
distortion. Less distortion at high frequencies allows 
more pre-emphasis. All this results in better quality 
and longer playing-time. Magnetic recording having 
become more reliable than disc recording, almost all 
discs are at present re-recorded from magnetograms 
which not only can be checked during recording but 
which can also be corrected and edited far more 
conveniently. Thus many risks are removed and 
play-back of the lacquer becomes unnecessary; the 
lacquer can be softer, and the recording is improved. 
When re-recording, one can predict the amplitude 
of the groove and this makes it again possible to 
lengthen the playing time by adapting the groove 
pitch automatically to the modulation. F. ScHLE- 
GEL *) will discuss the modern recording in this 
Section. 

We have seen how the development of the gramo- 
phone was stimulated by its younger competitive 
brother, namely the magnetic tape. How is it that 
the latter did not replace it entirely? It is certainly 
not inferior in playing-time, frequency range, noise 
level and in all those things that make for what we 
have become accustomed to call quality. In other 
respects, however, there are distinct differences 
which assign each one to its own task. To produce 
a gramophone record is professional work; magnetic 
recording can be done by any amateur. The handling 
of a tape, however, requires more skill than putting 
a pickup on a gramophone record, the latter being 
also more easy to store and to transport. The possi- 
bility of erasing a recording and of using a tape more 
than once is certainly a feature for the amateur but 
perhaps not so much for the professional. The 
gramophone record, however, is still unsurpassed in 
the mass production of cheap copies. To sum up, we 
can claim that whereas the gramophone is the in- 
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strument to reproduce music for the general public, 
the magnetic tape recorder is above all the instru- 
ment for making a recording. 

In the motion picture industry the photographic 
sound-tracks are now also being re-recorded from 
magnetic tapes. The art of "magnetic striping’, i.e. 
putting magnetic material on photographic film, 
both raw and processed, is developing rapidly in 
various ways. This will make sound-on-film acces- 
sible to the amateur. The advantages of magnetic 
over photographic sound-tracks on professsional 
positive copies will, however, remain difficult to 
evaluate so long as the large investments in the 
cinemas all over the world have a deciding influence 
on the choice. It may be that magnetic tape will be 
used for the recording of pictures, though some 
people maintain that light and cathode rays are more 
suitable and more rational. 

It is a well-known fact that the sound record 
proper does not have a flat frequency characteristic 
and should not have one. This raises two problems: 
the first one concerns the measurement of the fre- 
quency characteristic of the recording proper, the 
second one the standardization of this frequency 
characteristic in order to make interchange of re- 
cords possible. 

For the gramophone the first problem is solved 
by the ingenious method of Erwin MeEyer, which 
makes the velocity amplitude directly visible. For 
magnetic tape, the theory of W. K. WestmyzE *) is 
probably sufficiently exact for the evaluation of the 
recorded flux. 

The frequency characteristic must be chosen in 
such a way that the available signal-to-noise ratio 
becomes as large as possible. Perhaps I should 
explain that there really exists a maximum. As long 
as I can raise part of the recording characteristic, say 
at the high-frequency end by giving more pre- 
emphasis, without increasing the distortion, the de- 
emphasis in the reproduction will lower the noise 
contained in that frequency region. But as soon as I 
give so much pre-emphasis that I have to lower the 
level of the whole signal to prevent distortion, I must 
increase the amplification in reproduction and the 
noise in the rest of the spectrum will be raised. 
Between these two extremes there is an optimum; 
this depends, however, on the character of the music 
to be recorded. For a theoretical foundation of the 
choice we should know not only the probability 
distribution of the sound-power over the spectrum, 
but the correlation between the frequency bands as 
well. These probabilities depend, however, on the 
weights assigned to the different kinds of music and 
this explains the existing differences of opinion. It 
is of great importance, however, that a generally 
accepted standard be established for gramophone 
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records as well as magnetograms. In my opinion the 
best way to do this is to specify a standard repro- 
duction apparatus. It will then be possible to re- 
produce a recording as it was intended to sound, this 
being of prime importance to artistic justice. 

Non-linear distortion is very annoying in music, not 
so much on account of the harmonics it generates, 
but because of the inharmonic combination tones it 
causes. It is therefore a good and growing practice 
to measure these combination tones themselves. It 
is indeed true that we can calculate these combination 
tones from the harmonics for single-valued func- 
tions, but this is impossible when the relation 
between in- and output is not single-valued and is 
not independent of frequency. The method proposed 
by HILLIARD to measure the intermodulation be- 
tween a very low and a very high frequency is sound, 
but will not suffice in all cases. To give only one 
instance: a low frequency in a magnetogram induces 
only a small voltage and will not cause intermodula- 
tion. A high frequency can, however, still overload 
the first valve. In such cases it is recommended to 
measure the difference tone of two high frequencies, 
whereas in other cases we should even explore the 
whole spectrum. 

In magnetic recording a special kind of distortion 
is encountered; this is perceived as a noise varying 
with the signal and is called ’’modulation noise’. It 
can have different origins, to wit: amplitude modu- 
lation of the signal by random variation of the sen- 
sitivity of the magnetic tape (drop-outs in extreme 
form) or variation of the flux picked up by the 
reproducing coil through changes in the distance 
between tape and head. It is also caused by fre- 
quency modulation of the signal when the tape 
executes rapid longitudinal vibrations. As WERNER 
has shown, these vibrations are excited in much the 
same way as the transverse vibrations of a violin 
string. The oscillations are effectively damped by a 
small freely rotating roller, which is pressed lightly 
against the tape. Its inertia prevents it from following 
the rapid vibrations of the tape (e.g. 5 kc/s) and the 
friction between tape and roller prevents the vibra- 
tions from building up. A better remedy would be to 
have the friction between tape and head increasing 
with velocity instead of decreasing as is the case 
with ordinary dry friction. 

It is, however, not quite right to consider modula- 
tion noise as a new phenomenon specific to magnetic 
recording. The ordinary background noise of a photo- 
graphic recording is essentially the modulation noise 
of the zero-track. This zero-track is indispensable 
because only positive signals can be recorded. The 
fact that magnetic tape is able to record negative 
signals as well as positive ones makes a zero-track 
superfluous. Thus the modulation noise of the 
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signal is no longer masked by that of the zero-track. 

This explains also the low level of the background 
noise and the noticeable increase produced by any 
constant magnetization of the tape, caused for in- 
stance by a remanent magnetization in a head or in 
a roller. These must always be carefully demagnet- 
ized. The remaining slight background noise is 
caused (so long as it does not originate in the re- 
cording amplifier) by the structure of ferromagnetic 
materials. These consist always of fully magnetized 
domains. In the demagnetized state the extraneous 
fields of these domains primarily cancel each other 
out but in actual fact do not do so completely. The 
remaining stray fields, though of microscopic di- 
mensions, induce the inevitable background noise. 

The saturated magnetization of these domains has 
preferred directions and configurations, which mini- 
mize the energy and are separated from others by 
barriers of higher energy. The application of an 
extraneous field causes a crossing of the barriers, 
thus leaving the medium permanently magnetized; 
but not so very permanently, as the barriers can be 
of very different heights and the energy necessary 


-to cross them can also be supplied by a chance 


distribution of the heat energy assisted by energy 
from other extraneous sources, The first consequence 
is that in the course of time all permanent magne- 
tization will disappear; luckily, however, the time 
constant can be immense. Barriers of low height will 
be crossed nevertheless in short times, domains falling 
into disorder out of their ordered arrangements, Part 
of the signal is thus converted into noise. On the 
other hand a very small extraneous field can in the 
long run cause permanent magnetization. This ex- 
plains the ’printing’’ of the recorded signal from one 
layer of a reel on to the adjoining ones. Its time- 
function is logarithmic and as such has the charac- 
teristics of being the result of a chance excess of 
energy i.e. it is enhanced by higher temperature and 
by small alternating magnetic fields of the order of 
some oersteds. The lowest barriers are obviously 
crossed first, it is therefore also possible to erase the 
print again by a weak magnetic field or by a rise 
in temperature without disturbing the recording 
proper which is anchored by higher barriers. The 
ideal magnetic tape should therefore only have bar- 
riers of one and the same height. Such a tape would 
have moreover a sharply defined biasing field, which 
makes the domains sweep freely over the barriers. 
The above implies that magnetic particles in the 
tape should be of uniform size as the coercivity 
depends on the size of particles; the smaller the 
particles, the higher the coercivity. They should 
be numerous and be evenly distributed. With partic- 
les of 0.1 um and a layer 15 wm thick, the number 
that passes a head is of the order of 101° per second, 
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which is large compared to the number of electrons 
in the photoelectric current of the photocell of a 


photographic reproducer. But to have the full benefit 


of this large number the particles must not agglome- 
rate into large clusters, as they are apt to do on ac- 
count of their mutual magnetic attraction. We will 
not enter any further into magnetic recording as the 
contribution of M. Camras *) will survey the recent 
development of this art and H. ScHIEssER *) is 
going to discuss the relevant physical properties of 
the tape. ; 

In the art of telecommunication there is a new 
and extremely interesting science which is devel- 
oping rapidly, namely "information theory’’. Can we 
expect any help from that quarter? We will have to 
start with a definition of the information we want to 
record, and here we meet with insuperable difficul- 
ties when we are dealing with music, because the 
information in music is, as I see it, of quite a dif- 
ferent character from the information in speech. 
When we want to supply only the essential infor- 
mation contained in speech, we need not give a 
true copy of the sound, but we can give it in code. 
We can record it by writing or printing letter sym- 
bols and for rapid communication we can send tele- 
graph or telephone signals. And most important of 
all, we can measure the efficiency of a system or of 
a channel numerically although subjectively, by 
evaluating “articulation” or ’’intelligibility’’. 

If we knew the character of the essential infor- 
mation contained in a recording of music, then 
perhaps we could make a numerical judgement of its 
deficiences. In speech we only want to recognize the 
meaning of the sentences, in music, however, we are 
not interested in a record that merely permits us to 
recognize that the music which is being played is 
probably the waltz ’’An der schénen blauen Donau’’. 
This sort of information should be printed on a label 
which is precisely what we always do. The infor- 
mation contained in the score is of greater interest. 
But I do not think that records are being made as 
a kind of ’’book for the blind” for those who have 
not learned to read a score. If this were the case, it 
would be senseless to make recordings of the render- 
ing of the same score by different artists. Perhaps 
the information we look for on a music record may 
be the deviations from the score: the slight variations 
in rhythm, intonation and in strength; the rubato’s, 
the accents, agogic and dynamic; the course of a 
crescendo or diminuendo; all those attributes that 
make the difference between the rendering by a 
genius or by any ordinary artist. Perhaps we may 
say that what we look for in music is what is called 
“redundancy” in information theory. Perhaps what 
is annoying in music reproduction is not so much 
lack of information but the distraction of our atten- 
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tion from the essential information by alien sounds. 
If this were the case, information theory has nothing 
to offer us. I am sorry to have to leave this question 
open. I dare not tread further on this aetherial 
ground for I fear that this constitutes a problem 
which is not to be solved by science but by art. 
However, as scientific people we cannot do without 
numerical judgements; the only competent measur- 
ing device being the human ear, we are obliged to 
revert \to subjective tests, which will be discussed 
by T. SoMERVILLE *). In our laboratory we have 
asked a rather large number of people, most of them 
interested in music, to give us their opinion as to 
which one of two reproductions of the same short 
piece of music sounded the more natural to them. 
They listened in an arbitrary sequence, to the 
musicians themselves playing behind a screen and 
to the reproduction of a magnetic recording, the one 
following immediately after the other. At the same 
time we tried to find out if they could distinguish 
in an ABX test the two renderings. The results are 
shown in Fig. 1. We can say therefore that there 
is approximately an even chance that somebody 
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Fig. 1. The lines drawn relate the number of persons to the 
number of correct answers they gave in a series of 10 
tests. In the "ABX” test they had to identify the 
third (X) of three performances A, B, X as being the 
same as either the first one (A) or the second one (B). 
In the ’’fidelity’’ test the answer was considered cor- 
rect when they thought the live performance the 
more natural one. Some 50 persons (16%) were 
always right. A smaller number were right half the 
time, i.e. they could not hear any difference and 
simply guessed. The dotted lines are binomial proba- 
bility distributions having the same mean. They show 
that the set of test persons was not homogeneous and 
that some persons had the tendency to consider in 
the fidelity test the reproduction more natural than 
the live performance. 

WN = total number of persons. 


cannot hear the difference between the original and 
the reproduced music. I am not quite sure, but I 
have the impression that the frequency character- 
istic is perhaps not so all important for good music 
reproduction, as is generally believed. We know 
that it is possible for a distinct difference to be 
heard between two reproductions, while at the same 
time it is difficult, sometimes even impossible, to say 
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which one is the best’. We seem to have reached a 
point where the problems are becoming less technical 
and more artistic, and where we have to consider a 
gramophone or a radio set no longer as a link 
between a signal-generator and a voltmeter but as 
a musical instrument. This will be the theme of 
J. RopricuEs DE Mrranpa*), As I see it, our 
predominant problems concern at present micro- 
_phone positioning, studio acoustics and sound distri- 
bution in the auditorium. Although they may seem 
to lie outside the scope of Section I they are so es- 
sential that we simply have to consider them. 

These problems are not all new, but are beginning 
to create more general interest. This applies especial- 
ly to stereophony, the subject of V. L. JoRDAN’s con- 
tribution *). To explain stereophony it is often sug- 
gested that one should place in the studio a ’’curtain”’ 
of microphones, connected to corresponding loud- 
speakers forming a similar curtain in the auditorium 
where the sound field is then said to be a copy of 
the one in the studio. I cannot believe, however, 
that these two sound fields will even remotely 
resemble each other, and certainly not when only 
two or three channels are used as a rough approxi- 
mation of the curtain. 

In my opinion stereophony is based on the re- 
markable property of the mind to interpret the 
sound waves, coming from two different sources 
and differing only in time of arrival and in intensity, 
as coming from one single phantom source. When 
one analyses the elements relevant to direction per- 
ception in the way K. DE Borr has done, this effect 
becomes less astonishing. It shows also how one can 
create stereophonic illusions by simulating these 
relevant elements in the ears of the listener and why 
this can be done by means of two loudspeakers. It 
further follows that the microphones should not be 
placed at positions corresponding to those of the 
loudspeakers, as is implied by the curtain theory. 
They should be placed preferably in an "artificial 
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head’’,in order not to have to rely on time differences 
only, which play only a subordinate part in natural 
listening. The dimensions of this artificial head 
depend on the circumstances and are not directly 
connected with those of the human head. 

Stereophonic reproduction is certainly a notable 
improvement, but it does not give a perfect illusion, 
It widens the hole in the wall to a large window, 
but it does not place us in the hall where the orches- 
tra is playing. Most marked of all are its deficiencies 
when the public is applauding. We then realise that 
the sound is coming from the orchestra and not 
from all round us. The reverberation suffers from 
the same defect. 

This leads us to the problem of the acoustics of 
the auditorium and from there back to the acoustics 
of the studio. Here again and perhaps even more 
so, we are entering the artistic domain, and have to 
tread cautiously. Being technical and scientific 
people, however, we simply have to enter this field; 
we have to find out what physical properties cor- 
relate with the approval of the musician. SABINE’s 
genius gave us the reverberation time but we know 
that it is not fully adequate to characterize the 
acoustics of a hall. W. Furrer*) will discuss new 
concepts, and P. V. BruEL*) the instruments to 
measure them. In Section II H. S. Knowtes will 
treat the problem of the artificial imitation of acous- 
tical environments. We ourselves have just started 
some experiments to analyse room acoustics by re- 
producing the reverberation artificially. This will 
enable us to change variables rapidly, and to compare 
more conveniently their effects. At the same time 
we hope to find out what is indispensable in creating 
a satisfactory illusion and so to trace the essential 
elements that make for good acoustics 4). 


1) See report of the Eindhoven excursion, page 300, in 
this issue. 


AUTOMATIC RECORDING OF FREQUENCY IRREGULARITY IN ROOMS 
by P. V. BRUEL 


Briiel & Kjaer, Naerum, Denmark 


Summary. To save the tedious job of calculating the frequency irregularity FJ from a room 
response curve, two different methods for obtaining direct recording of the FJ as a function of 
frequency are developed: In the one method the room response is recorded with a microphone, 
amplifier and level recorder. On the recorder is fixed a contact strip with 100 silver lamellae which 
by means of an electronic scaler registers the total length’ of the room response curve in dB. 
The other method uses the output voltage from the moving coil in the level recorder. This voltage 
is proportional to the FI and is recorded on a second level recorder with extremely low recording 
speed. The two sets of apparatus have been used for measuring the diffusion effect of three diffe- 


rent types of diffusors in a small model room. 
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Sommaire. Description de 2 méthodes pour enregistrer directement l’irrégularité en fréquence 
FI d’une salle en fonction de la fréquence, de facon a éviter le calcul fastidieux de cette caractéristique 
a partir de la courbe de réponse de Ia salle. 
a) Cette réponse est recue par microphone, amplificateur et enregistreur de niveau sonore. Sur 
l’enregistreur est fixée une bande de contact 4 100 lamelles d’argent qui indique la "longueur”’ totale 
en dB de la courbe de réponse. 
b) On recueille aux bornes de la bobine mobile d’un enregistreur de niveau, une tension propor- 
tionnelle au FJ enregistrée sur un second enregistreur a faible vitesse. 

Application: Mesure de l’effet de diffusion produit par 3 modeéles de diffuseurs dans une petite 
maquette de salle. 


Zusammenfassung. Es werden zwei Verfahren zur automatischen Aufzeichnung der Frequenz- 
Irregularitat FI als Funktion der Frequenz beschrieben, die zur Untersuchung dreier Typen von 
schallstreuenden Elementen in einem Modellraum benutzt werden. Bei einem Verfahren bendtigt 
man einen Zusatzkontakt am Pegelschreiber, mit dem man bei Aufnahme einer Frequenzkurve des 
Raumes die ,,abgewickelte Lange’’ des Frequenzganges elektronisch zahlen katin, wahrend beim zwei- 
ten ein weiterer Pegelschreiber die der FJ proportionale Tauchspulenspannung des ersten aufzeichnet. 


ACUSTIGA 
Vol. 4 (1954) 


In room acoustics the last ten years have shown 
that an examination of a room’s reverberation time 
is not always sufficient; thus, for example, in respect 
of acoustic quality some radio studios with approxi- 
mately the same size and reverberation time have 
in practice shown themselves to be widely different. 

Attempts have therefore been made in recent 
years [1], [2], [3] to find a measurable quantity other 
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than volume and reverberation time which would 
characterize a room’s acoustics. Particular attention 
has been paid to the sound field’s inhomogeneity, 
and a tentative quantity for its measurement was 
defined by Bott and Roop, the so-called frequency 
irregularity FJ. To estimate a room’s FI, a loud- 
speaker with a good frequency response, connected 
to a beat frequency oscillator, B.F.O., is placed at 
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Fig. 1. Frequency response curve in a model room, with different diffusors. 
Above: empty room without diffusors. 
Below: with diffusors of rectangular, semi-circular and triangular cross-section. 
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one end of the room, and a pressure microphone, 
connected to a level recorder via an amplifier, at 
the other end. The B.F.O. is mechanically coupled 
to the level recorder, so that the recording paper 
moves synchronously with the frequency variation, 
and the frequency scale is made linear by using a 
circular cut in the B.F.O.’s main condenser plates. 
The room’s frequency response is recorded with a 

_ very slow frequency variation of about 1 :- 5 c/s per 
second. A typical set of such curves is reproduced 


in Fig. 1. Bott and Roop define FI as the total of 


the differences in dB between all the maximum and 
minimum points of the response curve, divided by 
the frequency band in question. The unit of FI is 
therefore dB per c/s. The figure for smaller solo 
studios is about 1--- 3 dB per c/s, and for studios 
with bad acoustics, 5 --- 10 dB per c/s. The value 
varies with frequency, so FI has to be given as a 
curve, i.e. as a function of frequency. 

To record the frequency response of a room is an 
easy procedure, but to.calculate from that curve FI 
as a function of frequency is a big job. This paper 
describes a procedure for automatically recording 
FI by either of two different methods. The first 
set-up is shown in Fig. 2. 


gg Amplifier 


a j H 
| 1 ad 


‘ondenser microphone Electronic counter 


Fig. 2. Measuring set-up with electronic counter and special 
sound source for the semi-automatic estimation of 
frequency irregularity. 


As test room a small model of a radio studio is 
used, provided with different types of diffusors 
(Fig. 3). A normal B.F.O. is converted to give a 
linear frequency scale in the range 500 --- 3000 c/s. 

As sound source we use an Artificial Voice com- 
prising a highly damped loudspeaker and regulating 
microphone, which, via a microphone amplifier and 
the B.F.O.’s compressor, regulates the loudspeaker 
sound pressure to a constant value. A thick layer 
of porous material is placed between the Artificial 
Voice and the room. This material has a high and 
purely resistive acoustical impedance, so that, as 

_ long as the sound pressure is constant on one side 
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Fig. 3. Photograph of model room and the three types of 
diffusors used. 


of the porous layer, the sound emission on the other 
side will be constant. Owing to the high acoustical 
impedance, a variation of the sound pressure on the 
room side of the layer will not have any influence on 
the regulating microphone. In other words, the room 
response being recorded will be unaffected by irre- 
gularities in the sound source characteristic. Fig. 4 
(top) shows a cross-section of the Artificial Voice 
provided with the porous material. 

At the other end of the model room is placed a 
condenser microphone connected to a level recorder 
via an amplifier. The room response is thus recorded 
as a function of the frequency. The level recorder 
and the B.F.O. are mechanically connected by means 


To cathode follower 
and amplifier 


Loudspeaker 


Condenser microphone 


Porous material 


Absorbing material 


0.2 uF 4000 pF 


Silver contacts 


Battery 4---6V— 


Fig. 4. Cross-section of sound source with flat frequency 
characteristic and high internal acoustic impedance. 
Below: principle of the contact arrangement for 
counting the total length of the frequency curve, 
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of a chain drive. The curves shown in Fig. 1 are 
recorded directly from the model with this set-up. 

A small contact strip (Fig. 4, below) is mounted 
on the right-hand side of the recorder, and the 
recorder’s slider is coupled to the slider on this 
contact strip. Each time the latter slider moves one 
contact an electrical impulse is obtained which is 
registered on an electronic counter. In other words, 
this set-up allows the recording of the total length 
of the movement of the recorder stylus. The B.F.O. 
sweep is linear in time, so that if the electronic 
counter is read at regular periods, say 10 s or } min., 
that is, at constant known frequency intervals, FJ 
in dB per c/s can be immediately obtained. 

Fig. 5 shows the results from the model room 
using three different kinds of diffusors. The two 
sets of curves are for different positions of the 
diffusors. The points marked with circles are mean 
values over a wider frequency interval. It is seen 
that points measured for small frequency intervals 
fluctuate very much, so that better results are ob- 
tained by measuring FJ over wider intervals. As seen 
from the curves, the empty room has of course the 
highest FI. In the low frequency range the best 
diffusors are rectangular in cross section, and the 
worst, triangular. At high frequencies, the rectan- 
gular are not as good as the semi-circular, but are 
still better that the triangular. 


——> Frequency irregularity, dB per cis 


4000 


3000 

Frequency 

Fig. 5. Experimental results in model room with three differ- 
ent types of diffusors. Curves taken with two positions 
of the diffusors: 

the empty room, 

triangular diffusors, 

—-—- semi-circular diffusors, 

rectangular diffusors. 


5000 cls 
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It should be noted that the frequency irregulari- 
ty has much lower values measured in a model 
room than they would have in a full sized studio. 
The reason is that the reverberation time in a model 
room is much shorter than in the studio, as the ratio 
of surface to volume is much greater in the model 
room. This means that the ’’quality”’ of the natural 
oscillations will be less in the model room, the peaks 
and valleys will be less pronounced, and as a result 
a lower value of FJ will be obtained. 

The above method considerably reduces the work 
of calculation involved in estimating FJ, but it is 
actually possible-to achieve a completely automatic 
recording of FJ as a function of frequency. 

Fig. 6 shows the measuring set-up. The sound 
source, microphone amplifier are just as in Fig. 2. 
With this fully automatic method, the feed-back 
voltage from the driving coil in the recorder is led 


BF Oscillator Automatic frequency response 


recorder 


DC Amplifier 


To artificial voice 


From compressor amplifier 


Inverter 
DOC AC 


Fig. 6. Principle of the fully automatic set-up for measuring 
frequency irregularity. 


From microphone amplifier 


through a filter, to eliminate possible hum, and then 
fed to a d.c.—a.c. inverter, which converts the 
slowly varying voltage from the feed-back coil into 
400 c/s a.c., which can then be recorded on another 
level recorder. 

The voltage produced by the feed-back winding 
in the level recorder’s driving coil system is pro- 
portional to the speed, and therefore, with a constant 
rate of frequency variation, proportional to FI 
expressed directly in dB per c/s. 

However, as is clearly indicated in the curves of 
Fig. 5, we are not interested in the instantaneous 
values of FI, but on the contrary wish to have them 
integrated over a relatively broad frequency band. 
Therefore, in the second level recorder a d.c. 
amplifier is inverted in its feed-back circuit, whereby 
the recording speed can be reduced to 1.5 mm/s, 
which is quite satisfactory for most room-acoustic 
measurements of FI. 

The whole apparatus is adjusted by giving the 
first level recorder a uniform change of level, for 
example by means of a B.F.O. with a logarithmic 
scale shifting frequency quite slowly, and with a 
small condenser in series with the level recorder’s 
potentiometer. The voltage will then vary logarith- 
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Lab, room 


P=0,3 mm/s, Pot 50dB, w = 700 mmis 


50 dB 


——= 4B per c/s 


1000 2000 


3000 4000 5000 c/s 


———— Frequency 


Fig. 7. Frequency response curve and curve of frequency irregularity for a laboratory, 


recorded with the set-up of Fig. 6. 


mically, that is, will give a linear dB scale as a 
function of time. On the second level recorder a 
horizontal line should then be recorded. By com- 
paring the slope of the line on the first recorder with 
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Fig. 8. Frequency response curves and frequency irregularity 
curves taken in the model room, respectively empty 
and with the three different diffusors. The frequency 
irregularity is recorded below on the same curve paper. 


the horizontal line on the second, the whole system 
can be adjusted. 

Fig. 7 shows a typical result from an acoustically 
relatively good room. The frequency range from 
500 ::- 5000 c/s is traversed in about 20 minutes, 

Fig. 8 shows the automatic recording in the small 
model room with the three types of diffusors. On 
the whole, the results agree with those taken by 
means of the electronic counting method. 
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Discussion 


Gayrorp, M. L.: Does the lack of rigidity of the wooden walls 
of the model room have any effect on the measurements ? 

LEcTURER: It does produce an effect at the lower frequencies 
used, that is below 500 c/s, but no influence has been 
found above that frequency. 

Kuni, W.: The measured results from the model room may 
be explained by the higher absorption of the diffusors 
compared with the empty room. The diffusors are so small 
compared with the wavelength that the diffusion effect 
seems to be very low. 

LeEcTuRER: The absorption in the model room was the same 
with and without diffusors. That is to say that the diffusion 
effect from the diffusors was real and cannot be explained 
by differences in the reverberation time. 

JorDaN, V. L.: Is it not true that the width of the diffusors 
is more important for the diffusion of sound than the 
thickness of the diffusors ? 

LeEcTuRER: I think so, but no measurements have been made 
for proving that question. 

SoMERVILLE, T.: I confirm Dr. BRUEL’s results, In the first 
issue of ’’Acustica’’ we reported such an effect. In this case 
the slight changes in absorption due to the diffusors were 
swamped by a constant amount of absorption in the model. 
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Summary. Trends in magnetic recording take advantage of its erasability, fast response, and high 
resolution. Examples of recent developments are: high-output magnetic tapes, the magnetic modulator 
head, the ’’time-compressor”, half track recording, and magnetic contact printing. 


Sommaire. Les recherches en matiére d’enregistrement magnétique portent sur la facilité d’ef- 
facement de l’enregistrement, la rapidité de réponse de l’appareil et son grand pouvoir de résolution. 
Exemples de perfectionnements récents: rubans magnétiques 4 grand rendement, téte du modulateur 
magnétique, ’compresseur de temps”, enregistrement d’une demi-trace, et impression magnétique 
par contact. 


Zusammenfassung. Bei der Weiterentwicklung der magnetischen Aufzeichnung nutzt man die 
Léschbarkeit, die groBe Reaktionsgeschwindigkeit und das hohe Auflésungsvermégen aus. Beispiele 
neuerer Entwicklungen sind: hochempfindliche Bander, der magnetische Modulationskopf, der 
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SOME RECENT DEVELOPMENTS IN MAGNETIC RECORDING 


,,Zeitkompressor”, die Doppelspuraufzeichnung und die magnetische Kontaktkopie. 


1. Introduction 


Two important trends in magnetic recording are 
notable: 1) better resolution allows good high fre- 
quency response at low speeds, 2) unusual appli- 
cations take advantage of erasability and fast 
response. 

Fig. 1 shows how the speed of the record medium 
has been reduced since the inception of magnetic 


recording a half century ago. The danger of extra-_ 


polation is illustrated by the dashed portion of the 
curve, which predicts that by 1956 we shall be 
pretty much at a standstill. It turns out that this is 
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Fig. 1. Trend of typical magnetic recorder speeds, 


not pure nonsense, however, because we now have 
a magnetic head that operates at speeds down to 
zero. 


2. Magnetic tapes 


Fig. 2 shows the characteristics of a ’high output’’ 
tape recently made available. Compared to standard 
brown oxide tape, the high output tape gives ap- 
proximately 6 to 8 dB more output for a given 
distortion level. Frequency response and bias re- 
quirements are practically the same as for regular 
tape, allowing interchangeability. The improved tape 
gives about 4 dB more output for a given input, and, 


in addition, allows a 4 dB rise in input level. Most 
important, the noise level is not increased, so that 
signal-to-noise ratio is improved. 


90 
foo) 
ao 
= High output tape 
= 80 
& 
=) 
vi Regular brown 
oxide tape 
70 


0 2 4 6 8 
— Harmonic distortion 


Fig. 2. Comparison of high-output vs. regular tape shows 
increased output for the same distortion. 


10% 


Certain applications, such as pulse recording, 
require tape that is free from ’’dropouts’’. Dropouts 
are blank spots such as might occur from a non- 
magnetic bubble in the tape coating. In sound re- 
cording an occasional dropout is not detectable. But 
in electronic computers the loss of a single digit out 
of millions can cause trouble. Tapes of extreme 
reliability are now available for such applications, 
made by a combination of careful manufacturing, 
testing, and selection. 


3. The magnetic modulator playback head 


One basic concept in magnetic recording is that 
the playback voltage tends to be directly propor- 
tional to frequency. This rise of 6 dB per octave is 
caused by pickup heads that are sensitive to rate of 
change of recorded flux, rather than to recorded 
flux itself. As speed or frequency approach zero, the 
output of such heads approaches zero. 
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The magnetic modulator head overcomes these 
limitations. Its output tends to be constant for all 
frequencies, for it is sensitive directly to flux. High 
outputs of more than a volt are‘ obtainable without 
amplification. The principle of operation is similar 
to that of a magnetic amplifier. As shown in Fig. 3, 
an a.c. source feeds a balanced bridge consisting of 
A, B, R and R’. In balanced condition there is an 
equal flux a through the outer core legs, and no 
voltage is present between x and y. A playback flux 


Playback flux 
(input?) 


Saturable 


Playback 
voltage 
(output) 


Fig. 3. Principle of the magnetic modulator playback head. 


introduced into the centre leg sets up flux 6 as 
shown. On the left side of the core, fluxes a and b 
are opposed so that this leg becomes less saturated. 
On the right side of the core, fluxes a and b add to 
make that leg more saturated. The bridge is now 
unbalanced and a voltage appears between x and 
y. Similarly for the reverse cycle. When we rectify 
and filter the bridge output at x, y, we get a steady 
voltage which is a linear function of the playback 
flux in the centre leg C. 


Some applications of the magnetic modulator 

head are: 

1) pickup at low velocities of a few cm per hour or 
per day, 

2) true reproduction of complex recorded waves, 

3) detailed examination of recorded data, allowing 
stoppage at any point, 

4) low-cost systems requiring little or no amplifi- 
cation. 


4, The "time compressor” 


To fit an exact time schedule, a recorded pro- 
gramme is often played back more slowly or faster. 
Experience shows that a two or three per cent 
difference is understandable but, because the pitch 
is changed, the voice does not sound natural. A ten 
per cent difference is unpleasant and difficult to 
understand. 

FAIRBANKS, EVERITT, and JAEGER [1] have de- 
veloped a "time compressor” that reduces playback 
time without changing the pitch. Compressions of 10 
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to 20 per cent are hardly noticed and even 50% is 
feasible. The principle of operation is that, human 
speech being so redundant, we can cut out 90% of 
a sentence, at very small intervals, and still make 
sense out of what is left. An analogy is shown in 
Fig. 4a, where a sign is painted on a board fence 
(left). When we remove every second board and put 
the rest together the sign remains readable (right). 
Preliminary experiments were made by cutting out 
small bits of tape from a recorded programme and 
pasting the remainder together. 

The machine of Fig. 4b does this automatically. 
Original sound is first recorded on a loop of tape. 
This recording is picked up by four heads mounted 
on a rotating drum. For a two-to-one compression, 
the drum surface moves in the same direction as the 
tape, but only half as fast. This means that when 
head 1 reaches position 2, points A, B, C, and D 
on the tape have reached A’, B’, C’, and D’ respecti- 
vely. During this time head 1 has been scanning the 
interval AB on the tape. Next, head 4 is in position. 
It scans from C to D. We notice that the portion 
BC of the tape is not scanned at all. Similarly we 
divide the rest of the recording into equal intervals; 
half are picked up, and half are discarded. 
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Four pickup heads on 
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Fig. 4. The "time compressor’: 


a) Analogy of sign painted on board fence. Discarding 
every other board putting remainder together still 
leaves it readable. 

b) Apparatus for accomplishing time compression. 


Since the relative motion between tape and 
scanning head is only half the loop speed, the pickup 
frequency fed into the 19 cm/s recorder is half that 
of the original sound frequency. The tape made at 
19 cm/s is finally played back at 38 cm/s, restoring 
the original frequency. 

We can use the same machine also as a time 
expander, by reversing the scanning drum so that 
it increases the redundancy of speech. A compressed 
or expanded voice sounds natural, but the subject 
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just speaks faster or more slowly”. Applications of 
the time compressor are: reduction of bandwidth 


required for audio transmission, new musical effects, - 


and saving of expensive time purchased on broadcast 
networks. As Dr. Everitt remarked: ’’A politician 
who has nothing to say, can now say it in half the 
time.” 


5, International standardization of playback 
characteristic 


There are almost as many recording frequency 
characteristics as there are companies who make 
recorders. To facilitate international exchange of 
tape records, the C.C.LR. Study Group X meeting 
in Geneva in 1952 recommended a "’standard replay 
chain’’ with a characteristic as shown in Fig. 5. 
This response is typical of systems where high fre- 
quencies are equalized entirely during recording, 
and low frequencies entirely during playback. 


as 00 : = 
a Lao Equalization: 6 48/ Octave for low frequencies 
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= 2 = ie T for high frequencies 
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Fig. 5, Playback response for magnetic tape recorders. CCIR 
study group X recommendations for std. replay 
chain (equalization for head characteristics to be 
added). 


The main problem lies in compensating for the 
playback head and input transformer, which are 
unknown and variable links in the standard replay 
chain’’. One solution is to make available a calibrated 
tape, with a series of test frequencies that play back 
flat on a correctly adjusted machine. Mr. Davies 
of the BBC is circulating a tape of this kind among 
laboratories and manufacturers to check its cali- 
bration. 


6. Half-track recording for sound-on-film 


Magnetic sound on 16 mm film is widely used 
for industrial, educational and amateur movies. As 
shown in Fig. 6a, the SMPTE standard calls for a 
magnetic strip, 2.5 mm (0.10 inch) wide. A modi- 
fication of this standard is a magnetic track of half- 
width on a film which is printed with a photographic 
sound track, as in Fig. 6b. The same projector allows 
selection of magnetic or photographic track. 

In Fig. 6b the photographic track contains per- 
manent sound, while the magnetic track may carry 
the comments of a teacher, or a sales message to 
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Fig. 6. Magnetic sound films: 


a) Proposed American standard for 16 mm magnetic 
film (J. Soc. Mot. Pict. Telev. Engrs. July 1951). 
b) Half track magnetic strip, plus optical sound. 


a particular audience. The magnetic sound is, of 
course, erasable at will. An important use is for 
translations into foreign languages and dialects. The 
translator listens to the photographic sound track; 
then records the translation on to the magnetic track. 
This method is so simple that it allows showing in 
native languages that were not economically possible 
before. 


7. Duplication by Magnetic Contact Printing 


Duplicating magnetic records by ’’dubbing” or 
re-recording is generally slow and expensive. Fig. 7 
shows a magnetic contact printing machine which 
prints several blank tapes at once. The master record 
is of high coercive magnetic material which is un- 
affected by the process. It is brought into contact 
with ordinary blank tape, and while in contact, an 
a.c. field is applied and reduced to zero. Copies are 
of high quality and maximum recording level. 


Supply. reels with 


Transfer magnets 
Master tape 
supply 


Fig. 7. Schematic layout of multiple duplicator. 
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8. Conclusion 


We have described a few interesting and important 
developments in magnetic recording, but many 
others could be mentioned. Some of these are: 
binaural and stereophonic recorders, now extensively 
used; ferrite heads which are excellent at high fre- 
quencies and so hard as to be virtually wear-proof; 
turn-in-gap and multiple-gap-heads for efficient 
erasure; the cross-field head which gives a very sharp 
recording field by combining a vertical field with 
the usual semi-circular field at the gap; memory 
devices for electronic computers; and artificial rever- 
‘beration generators. 
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Discussion 


BEcun, S. J.: I would like to make some supplementary 
remarks about some interesting developments in the field 
of magnetic recording. A reproducing head has been built 
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which employs an electron beam tube as a transducer. This 
head, similar to the one mentioned by Dr. LEEpy, is respon- 
sive to the amplitude of the recorded flux. 
Another development I would like to call to your attention 
is that of embedding magnetic particles in a rubber base. 
A recording medium of this type permits high-speed 
operation while the head is in contact with it. This is 
particularly important when pulses need to be recorded. 
With the head in physical contact with the medium, more 
pulses can be packed per linear unit length of the medium. 
It might be worth mentioning that considerable advances 
have been made in the quantity production of narrow-gap 
heads with great physical stability. These heads which use 
resin as a medium for holding the pole pieces in proper 
relationship can now be provided at reasonable prices. 
ScuigsseR, H. O.: Time compression systems, using the 
principle mentioned in Mr. Camras’ paper, were designed 
by ScHULLER in 1938 and built in about 1000 sets. A 
compression- as well as extension-ratio of 1 : 5 was main- 
tained. 

Mercer, D. M. A.: In recording aircraft jet noise for analysis 
later, how accurate is the overall process likely to be? 
LeEcTuURER: The results depend on the type of recorder, the 

tape used, etc. Under best conditions, using standardizing 
techniques, we cati come within the + 1 dB specification. 
BAERLE, F. C. G. vaN: Is the rotating type head assembly 
in the time expansion device similar to the ’’Edispot’’ 
rotating head assembly, described a few years ago? 
LeEcTuRER: The ’’Edispot’”’ as I understand it, is a movable 
head that enables the operator to listen repeatedly to a 
short length of tape, while the tape recorder is stopped or 
is being moved slowly by hand. It enables an operator to 
locate accurately the points for cutting and editing. I do 
not think the design is suitable for a speech compressor’’. 


DIE RAUMAKUSTISCHE 
DIFFUSITAT IN SCHALLAUFNAHME- UND RADIOSTUDIOS 


von W. FurrER und A. LAUBER 
P.T.T. Bern 


Zusammenfassung. Die Homogenitat eines Schallfeldes in einem Raum, auch Diffusitat genannt, 
ist besonders fiir Schallaufnahme- und Radiostudios wichtig. Es wurde schon friiher gezeigt, daB 
die ,,mittlere Héhe eines Berges’ des Raumfrequenzganges ein praktisch brauchbares Ma8 fiir die 
Diffusitat ist. Die direkte Ausmessung solcher Frequenzgange ist jedoch miihsam, so daB eine MeB- 
apparatur entwickelt wurde, mit der die so definierte Diffusitat verhaltnismaBig leicht und rasch 
gemessen werden kann. 


Summary. The homogeneity of a sound field in a room, which is called '’diffuseness’’, plays an 
important part in radio and sound recording studios. Earlier investigations have already shown that 
the ’’mean height of a peak’ of the frequency response of a room is a suitable index of diffuseness. 
The determination of this quantity from the frequency response is, however, so laborious that a 
special measuring apparatus had to be developed, ensuring quick and easy measurement. 


Sommaire. L’homogénéité du champ acoustique dans un local, qu’on peut encore appeler 
" diffusivité’”’, joue un rdéle important dans les studios de radio et d’enregistrement. On a pu montrer 
auparavant que la hauteur moyenne d’un sommet’’ de la courbe de fréquence du local est un para- 
métre définissant la diffusivité. Il est cependant trés laborieux de déterminer ce facteur a partir de 
la courbe de fréquence; pour cette raison on a développé un nouvel appareil qui permet une mesure 
facile et rapide de la diffusivite. 


Es ist heute allgemein bekannt, daB auBer den 
klassischen raumakustischen Parametern, deren 
wichtigster die Nachhallzeit ist, noch andere Fak- 


toren das akustische Verhalten eines Raumes maB- 
gebend beeinflussen. So hat es sich vor allem ge- 
zeigt, daB die in einem Raum vorhandene Diffusitat 
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besonders in Schallaufnahme- und Radiostudios, 
aber auch ganz allgemein in allen Raumen, eine 


entscheidende Rolle spielen kann. In einer friiheren ° 


Arbeit [1] wurde gezeigt, daB die ,,mittlere Hohe 
eines Berges’ des im stationaren Zustand gemes- 
senen Raumfrequenzganges eine GréBe ist, die die 
Homogenitat des Schallfeldes und damit die Dif- 
fusitat unmittelbar beschreibt. Als Frequenzgang- 
schwankung F, wird dabei definiert: 


F QD nad — 2 Dmin 
no Ay ; 


Dabei bedeuten 


»' Pmax Summe der Schalidruckmaxima (,,Berge’’), 


»' Pmin Summe der Schalldruckminima (,,Taler’’), 
Ay Frequenzintervall. 
Daraus bestimmt sich die Diffusitat D, zu: 
Dish, 


wobei n die Anzahl der Schalldruckmaxima ist. 

Diese Methode wurde inzwischen systematisch 
fiir die Untersuchung und Dimensionierung von 
Schallaufnahme- und Radiostudios verwendet, und 
es konnten mit ihr Erfahrungen gesammelt werden, 
die die Zweckm4Bigkeit dieser so definierten Dif- 
fusitat und ihren Einflu8 auf das akustische Ver- 
halten eindeutig belegen. Dabei muBte zunachst die 
MeBmethode ausgebaut und rationalisiert werden, 
da die vollstandige Auswertung von registrierten 
Frequenzgangen so miihsam und zeitraubend ist, 
daB sie die praktische Anwendung der neuen 
Methode in Frage stellt. Zu diesem Zwecke muBten 
nicht nur auf der Sendeseite, sondern besonders auch 
auf der Empfangsseite die MeBapparaturen erganzt 
und vervollstandigt werden. 

In der erwahnten Arbeit ist bereits beschrieben, 
daB als quasi-punktférmige Schallquelle das An- 
triebssystem eines Trichterlautsprechers mit einer 
verhaltnismaBig groBen mechanischen Impedanz 
verwendet wird; ferner wird der Abstand d zwischen 
Lautsprecher und Mikrophon immer zu d = V0,1 A 
gewahlt, wobei A die mittlere Raumabsorption dar- 
stellt. Die beiden ausgemessenen Frequenzbereiche, 
die fiir das akustische Verhalten eines Raumes be- 
sonders charakteristisch sind, wurden gegeniiber den 
friiheren Untersuchungen leicht modifiziert; in der 
folgenden Tabelle sind sie angefiihrt. 


Tieftonbereich: 250---300 Hz 
300--- 350 Hz 
350---400 Hz 
400:--450 Hz Mittelwert 425 Hz 
450---500 Hz 
500---550 Hz 
550---600 Hz 
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Hochtonbereich: 1300---1400 Hz 
1400--- 1500 Hz 
1500:-- 1600 Hz 

1600---1700 Hz Mittelwert 1650 Hz 
1700--- 1800 Hz 
1800::- 1900 Hz 
1900---2000 Hz 


Das Registrieren von genauen und reproduzier- 
baren Frequenzgangen erfordert einen sehr stabilen 
Generator mit einem genauen Frequenzablauf und 
ganz prazisen Frequenzmarkierungen. Die Ge- 
schwindigkeit des Frequenzablaufs ist abhangig von 
den akustischen Eigenschaften des Raumes und von 
der Schreibgeschwindigkeit des Registriergerates; 
sie muB im allgemeinen in der GréBenordnung von 
2 Hz/s liegen. Das apparative Kernstiick der neuen 
Methode ist der auf der Empfangsseite verwendete 
mechanische Integrator, der die Summe der ,,Stei- 
gungen”, die Summe der ,,Gefalle’’, die Anzahl der 
»Berge’’ sowie die Anzahl der ,, Taler” direkt abzu- 
lesen gestattet. Dieses Gerat zeigt Abb. 1. Es be- 
steht im Prinzip aus zwei Freilaufen, wie sie in 
ahnlicher Form bei Fahrradern bestehen, mit denen 
die Bewegungen des Zeigers in beiden Richtungen 
summiert werden. Zudem wird bei jeder Bewegungs- 
umkehr ein Kontakt betatigt, der einen Impuls fiir 
einen Zahler liefert, wodurch sowohl die Anzahl der 
»Taler’”’ als auch die Anzahl der ,,Berge’”’ gezahlt 
wird. 

Der urspriingliche Gedanke war der, diesen 
mechanischen Integrator direkt durch den Pegel- 
schnellschreiber anzutreiben. Es hat sich jedoch ge- 
zeigt, daB besonders bei steilen Bergen oder sehr 
tiefen engen Talern die zur Verfiigung stehende 
Kraft nicht mehr ausreicht, um die Reibungen des 
Integrators vollstandig zu iiberwinden, wodurch sich 
die Genauigkeit vermindert. Daher wird der Inte- 
grator durch einen manuell betatigten Folgezeiger 
angetrieben (Abb. 2), ein Verfahren, das allerdings 
etwas mehr Zeit beansprucht, aber gegeniiber der 
direkten Ausmessung immer noch eine sehr groBe 
Zeitersparnis ergibt. 

Die beschriebene Methode wird am Beispiel eines 
Konzertstudios von 5000 m# illustriert, das umge- 
baut wurde, um die im urspriinglichen Zustand un- 
geniigende Diffusitat zu erhéhen. Die Abb. 3 zeigt 
den Raum im urspriinglichen, die Abb. 4 im um- 
gebauten Zustand. In der folgenden Tabelle sind 
die vor und nach dem Umbau gemessenen Diffusitats- 
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Abb. 1, Mechanischer Integrator zur Auswertung von Raumfrequenzgangen; links 
und rechts die beiden Zahler der ,,Steigungen” und ,,Gefalle’’. 


Abb. 2. Integrator durch Folgezeiger angetrieben fiir die Auswertung eines 
Registrierstreifens. 
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Abb. 3. Konzertstudio von 5000 m® im urspriinglichen Zustand mit wenig Diffusitat. 


Abb. 4. Umgebautes Konzertstudio (vgl. Abb. 3) mit vergréBerter Diffusitat. 
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werte zusammengestellt; dabei ist zu beachten, daB 
einer guten Diffusitat ein kleiner Wert von D, ent- 
spricht. 

Die Werte zeigen sehr deutlich, daB sich die 
Diffusitat im Tieftonbereich stark verbessert hat, 
wahrend sie im Hochtonbereich, wo sie schon vor 
dem Umbau groB war, praktisch unverandert ge- 
blieben ist. Die bei Orchesteraufnahmen erzielten 
Resultate stehen durchaus im Einklang damit; die 
Qualitat ist heute ausgezeichnet, obschon sich die 
Nachhallkurve nur unwesentlich geandert hat. 

Die neue Methode liefert also ein Kriterium, das 
den EinfluB der Raumform auf das akustische Ver- 
halten erfaBt und sich in sehr befriedigender Weise 
mit den subjektiven Feststellungen deckt. 


Bichirt £ tt um 
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Diskussion 
Hunt, F. V.; While the frequency irregularity may be, and 
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probably is, related to the property of ’’diffuseness” of 
sound in a room, they are certainly not the same. It may 
therefore be a mistake to encourage confusion by applying 
the term "diffusion’’ to quantities derived directly from 
the frequency irregularity. 


VORTRAGENDER: This is true and a more appropriate designation 
has to be found; may be that ’homogeneity’’ is a better 
word. 


KNow Les, H.: These expressions can be tested by the ’’dif- 
fusion” for the free field (asymptotic) case. In this case 
the loudspeaker irregularities alone can lead to numerical 
values lying in the room range. This emphasizes the need 
for care in applying the term ‘’diffusion’’ to the defined 
quantity. 


VORTRAGENDER: It is in any case necessary that the frequency 
irregularities of the loudspeaker are very much inferior to 
those of the room; it is easy to satisfy this condition. 


Jorpan, V. L.: What method of subjective assessment has 
been used ? 


VORTRAGENDER: The subjective assessment of the quality of a 
room is a very difficult task and has to be done on a wide 
statistical base. For the studios in question only the ex- 
periences of the responsible sound engineers over a con- 
siderable time have been used. 


STYLUS-GROOVE RELATIONS 


IN THE PHONOGRAPH PLAYBACK PROCESS 


by F. V. Hunt 
Harvard University, Cambridge, Mass., U.S.A. 


Summary. The motion of a phonograph pickup stylus in a lateral-cut record groove is analysed 
with due regard for the first-order effects of elastic deformation of the groove walls. The relative 
response at any frequency is governed in part by a groove-pickup response function embodying the 
effect of resonance between the compliance of the groove and the effective mass of the stylus. A 
translation-loss function further controls the response at fundamental frequency only and imposes 
a sharp cut-off at a recorded wavelength which is a function of the stylus and record parameters. 
The distortion response at harmonic frequencies is effectively controlled by a scanning-loss function, 
which also varies with the recorded wavelength and which imposes its own cut-off at a somewhat 
shorter wavelength. Experimental measurements with special test recordings confirm the theoretical 
predictions. 


Sommaire. Analyse du mouvement de l’aiguille d’un pick-up dans le sillon d’un enregistrement 
a coupe latérale, en tenant compte des effets du premier ordre diis a la déformation élastique des parois 
du sillon. La réponse relative a une fréquence donnée dépend en partie de l’effet de résonance entre 
la raideur du sillon et la masse effective de l’aiguille; de plus, une perte translative impose une cou- 
pure nette pour une longueur d’onde fonction des caractéristiques de l’aiguille et de l’enregistrement. 
La réponse en distorsion aux harmoniques est conditionnée par la perte par balayage, variable avec 
la longueur d’onde enregistrée, et qui impose sa coupure 4 une longueur d’onde un peu plus courte 
que la précédente. Les mesures expérimentales confirment les prévisions théoriques. 


Zusammenfassung. Die Bewegung einer Tonabnehmernadel in einer Schallplattenrille (Seiten- 
schrift) wird unter Berticksichtizung der Deformationseffekte der Rillenwandungen analysiert. Die 
relative Charakteristik wird teilweise durch Resonanzeffekte beherrscht, die durch das Zusammen- 
wirken der Rillenfederung mit der effektiven Masse der Nadel bedingt sind. AuBerdem wird noch 
ein nur bei der Grundfrequenz auftretender Ubertragungsverlust wirksam, der eine scharfe untere 
Grenzfrequenz zur Folge hat, die von der Nadel und den Plattenparametern abhangt. Die durch 
die geometrischen Abtastverhiltnisse bedingten harmonischen Verzerrungen sind ebenfalls frequenz- 
abhangig und haben eine etwas hoher liegende Grenzfrequenz. Experimente mit Testplatten be- 
statigten die theoretischen Vorausberechnungen. 
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The kinematical problem of finding the motion 
of a spherical stylus that is tracing the modulated 
groove of a lateral-cut record has been studied [1], 
previously under the assumption that the groove 
walls are ideally rigid. A solution has now been 
obtained [2] for the corresponding dynamical pro- 
blem in which the first-order effects of the defor- 
mation of the groove walls are taken into account. 

The dynamical equations governing the stylus 
motion are formulated in a transformed coordinate 
system whose origin follows a locus representing the 
solution of the rigid-wall tracing distortion problem. 
The elastic deformation problem is then set up in 
these transformed coordinates, the normal forces 
acting across the surfaces of contact being just 
equal to the constraint forces required to give the 
stylus its assumed motion. Knowing the rigid-wall 
trajectory allows these constraint forces to be ex- 
pressed in series form. When the other terms of the 
dynamical equation are also expressed as Fourier 
series, the actual stylus motion can be obtained in 
terms of a similar Fourier series in which the coeffi- 
cient of each harmonic appears as a power series 
in the modulation amplitude. The convergence of 
these power series is such that only the leading 
term needs to be retained for any combination of 
parameters for which moderate values of tracing 
distortion would be predicted by the rigid-wall 
theory. The relative stylus response can then be 
expressed as a product of dimensionless factors that 
are relatively simple functions of the physical para- 
meters of the record and stylus system. 

The relative stylus response at the fundamental 
frequency is given by the product of a groove-pickup 
response function H and a translation-loss function G. 
The groove-pickup response function H is displayed 
in Fig. 1, which is a plot of the expression 
Joh We (—, e) = 
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é being a damping parameter and w, the angular 
frequency at which resonance occurs between the 
groove wall compliance and the effective mass m 
of the stylus system referred to the point of contact. 
Care must be taken to evaluate m at a frequency 
near Wp, Since incipient mechanical resonances in the 
stylus or its supporting structure can cause the 
effective mass to be significantly higher than the 
value measured statically or at a low frequency. 
The physical parameters of the stylus and the record 
material determine the stylus-groove resonance fre- 
quency through the relation 
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in which R, is the stylus tip radius, F, is the vertical 
bearing force, and E and » are the elastic modulus 
and Poisson’s ratio for the record material. Since 
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Fig. 1. Plot of the groove-pickup response function H for 
different values of the damping parameter e. 


the response is only uniform for frequencies well 
below wp, it is obviously desirable to choose the 
physical constants so that w» exceeds the highest 
frequency to be reproduced. To satisfy this condi- 
tion, with typical record materials and stylus dimen- 
sions, requires that m be not more than a few milli- 
grams. Unfortunately this condition is not satisfied 
by most pickups now available commercially. 

The translation loss factor G is given (see Fig. 2) by 


G= 
o(2)-1- (Hf © 
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in which w, is the angular frequency of "’free’’ 


resonance of the stylus vibratory system when not 
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Fig. 2. Plot of the translation loss function G, which controls 
response at fundamental frequency; and of the 
scanning loss function S, which is a factor in the 
response for all frequency components. 


in contact with the record, and w, is a cut-off 
angular frequency determined by the linear groove 
velocity u and the same system parameters defined 
above; thus, 


E "ls 
oO, = 3.33 u RE : (4) 
The term (w,/ ,)? is ordinarily small for a well- 
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designed pickup, as suggested by the approximation 
indicated on the right in eq. (3). Since w, varies 
directly with the groove velocity, eq. (4) indicates 
that the translation loss is characterized by a cut- 
off wavelength that is a function only of the stylus 
radius, the vertical bearing force, and the elastic 
properties of the record material. 

The relative distortion response of the stylus at 
the second and all higher harmonic frequencies is 
given as the product of the same groove-pickup re- 
sponse function H and a new scanning loss function 
S. The translation loss function G does not enter 
as a factor in the distortion output. The scanning 
loss has its physical origin in nonuniformity of the 
normal force acting on different portions of the sur- 
face of contact, the nonuniformity being caused by 
variations in curvature of the groove wall due either 
to the recorded modulation or to the components 
of motion representing the tracing distortion, Under 
conditions for which modest tracing distortion is 
predicted, the variable component of the deforma- 
tion force is small enough to allow the scanning loss 
to be expressed in the form of a series in powers of 
the ratio of 26, the diameter of the surface of con- 
tact, to the recorded wavelength. Evaluating the 
diameter of the contact surface then reveals that the 
scanning loss function can be expressed in terms of 
the same cut-off wavelength that appears in the 
translation loss function, as shown by the second 
curve of Fig. 2 and by the following series: 


20 ae Su og ta ae a 
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The physical factors that give rise to the scanning 
loss come into play at the fundamental frequency 
as well as at harmonic frequencies, but since G 
introduces a substantial loss before S has departed 
appreciably from unity, the scanning loss is usually 
ignored when considering the response at funda- 
mental frequency. 

A series of test pressings in different record mate- 
rials were prepared with the recorded signals pro- 
grammed so that the various response functions 
could be isolated for direct measurement. Recorded 
square waves offered a further opportunity for 
qualitative observations of the influence of various 
parameters on the transient response. The predic- 


tions of the theoretical analysis were substantially 
verified in all important respects. 
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Discussion 


BEGUN, S. J.: I think it might be of interest to direct the atten- 
tion of the audience to some early work by Otro KorneEI, 
who studied also the problem of translation loss. KORNEI 
also used the Hertz’ deformation formula and obtained 
results which explained the change of frequency response 
from the outside to the inside groove. Dr Hunt’s discussion 
goes, however, much further than Korwer’s work, who 
limited his investigations to the turning points of the 
modulated groove. 

LeEcTurER: I am glad that Mr. BEcuN gave me this opportunity 
to explain the relation between our work and Korwer’s. 
Dr MILLER, who carried through the analysis I have 
reported, studied Korne1’s work carefully and found that 
he had made one error in applying the Hertz’ analysis. 
This error involved using the groove-wall curvature cor- 
responding to the actual stylus motion rather than that 
associated with the recorded modulation. When this error 
is corrected, KornEI’s results fall into perfect agreement 
with the present analysis and represent a special case of 
MILLER’s more general treatment (see [3]). 

Korn, T,.: Has the lecturer examined the influence of the 
groove elasticity on the phenomenon of the ’’counter- 
resonance” formed by the compliance of the stylus suspen- 
sion and the mass of the arm? We think the influence of 
the elasticity of the groove in this case seems to be even 
more important, while the input impedance of the stylus 
seen from the groove is very large. 

Lecturer: I think the effective centre of oscillation would 
be in a different place for the two resonances in question. 
For the stylus-groove resonance, oscillation takes place 
about a dynamic centre conjugate to the stylus tip, and the 
groove-wall compliance is controlling. For the low-fre- 
quency ’’arm resonance”’, oscillation takes place about the 
stylus tip as a centre, and the motion would be relatively 
uninfluenced by the groove-wall compliance. 

Jaquess, D. G.: Reference was made to a very quick method 
of measuring pickup resonances, that is, by examining the 
surface noise spectrum with a panoramic type of wave 
analyser. For the point-groove wall resonance, a record 
with unmodulated grooves is used. For the free resonance 
the pickup is allowed to run on the uncut surface, and 
the assumption is made that there is negligible indentation 
of the surface. 

LEcTuURER: Undoubtedly some kind of resonance would be 
observed with the stylus riding on an uncut surface, but I 
don’t think it would be the ’’free’”’ resonance that I defined. 
Fortunately the free resonance is not very important anyway, 
so it probably doesn’t make much difference. However, I 
am glad to hear that someone has actually tried this method 
of observing the resonances. 

SCHLEGEL, F.: We have recorded some frequencies at inner 
and outer grooves and pressed them from the same master 
in different materials. There is a good dynamic pickup 
available in Denmark with both 1 and 4 mg mass on the 
needle point, but both systems of identical construction. 
Thus, we have got some measurements of interest con- 
cerning the resonance between elasticity of the groove and 
the mass on the tip. This resonance rises about one octave 
with a fourth of the mass. 

LecturER: I am glad that our prediction about the shift of 
the stylus-groove resonance is confirmed. I am especially 
glad to hear that at least one pickup is now available with 
an effective stylus mass in the 1 milligram range. 
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A SYSTEM FOR STEREOPHONIC REPRODUCTION 


by V. L. JorpAN 
Acoustics Consultant, Copenhagen, Skindergade 28 


Summary. When listening to two loudspeakers transmitting the same sound signal, the relation 
between the angular displacement of the virtual sound source and the difference in intensity level 
of the two sources is linear within a certain range, and a mean value of the slope of the curve may be 
fixed at 0.5 dB per degree of angle. This implies the use of microphones with suitable directional 
characteristics. The stereophonic impression of a two channel system arranged according to this 
principle is rather satisfactory, although the level is a little too low for sounds originating close to the 
axis of symmetry. 


Sommaire. Dans |’écoute de deux haut-parleurs émettant le méme signal sonore, il y a, dans un 
certain domaine, une relation linéaire entre l’angle de la source sonore "artificielle’’ et la différence 
des niveaux de pression sonore: environ 0,5 dB par degré d’angle. L’impression stéréophonique 
obtenue avec un systéme a 2 voies concu suivant ce principe est plutét satisfaisante, bien que le niveau 
sonore soit un peu trop faible pour les sons issus des points voisins de l’axe de symétrie. 


Zusammenfassung. Bei Wiedergabe des gleichen Schallsignals aus zwei Lautsprechern besteht 
in einem gewissen Bereich eine lineare Beziehung zwischen der Winkelverschiebung der virtuellen 
Schallquelle und der Pegeldifferenz der zwei Lautsprecher (Mittelwert der Kurve etwa 0,5 dB/Grad). 
Eine Zweikanaliibertragung nach diesem System mit Mikrophonen passender Richtcharakteristik 


war ziemlich befriedigend. 


Stereophonic reproduction has not hitherto 
found widespread application, but it seems certain 
that the trend towards better quality in sound re- 
production must lead to the use of stereophony 
both in cinemas, in theatres with sound reinforce- 
ment, over the wireless as well as by reproduction 
of music in general. 

Different arrangements, more or less casually 
designed, have been applied for stereophonic re- 
production, but only a few of them have been 
based upon a careful study of the facts which are 
of importance if you wish to obtain a real stereo- 
phonic impression. These are the facts concerning 
the human capacity of sound localization. Let us 
here limit ourselves to a discussion of the lateral 
localization in a horizontal plane, since this is ob- 
viously most important when dealing with stereo- 
phony. The lateral localization of a single sound 
source is due to differences in the intensity of the 
sound at the two ears as well as to differences in the 
time of arrival of the sound signal to the two ears. 
KietTz [1] has recently published a review of these 
facts, It seems to be established that at frequencies 
below 800 c/s the capacity of localization is due 
exclusively to time differences, whereas at frequen- 
cies above that limit it is due mainly to differences 
of intensity. ’’Artificial’’ localization takes place, 
when we are listening to two sound sources placed 
at certain angles to the left and right in front of us 
and transmitting the same sound signal. Then we 
have the impression that the sound is coming from 
a source placed somewhere between the two real 
sources, the position of the ’’artificial’’ source being 
dependent upon differences of intensity and time 
of arrival of the two sound signals. We are able to 


change this apparant position of the “artificial” 
source by changing the intensity difference or the 
time difference or both of them, as has been shown 
by K. DE Boer [2]. It is however impractical to 
operate with the time difference, as it depends too 
much on the position of the listener. This means 
that we cannot in practical cases count on having a 
true stereophonic impression of the low frequencies, 
since the localization occurs by time differences. 
We must therefore operate with differences of in- 
tensity and try to find out the variation of the angle 
of the artificial’ source with this difference. DE 
Borr found experimentally this variation for a 
symmetrical position of the observer, the angle 
between the two loudspeakers being 50° approxi- 
mately. At ’’Den danske Statsradiofoni’’ (The 
Danish Broadcasting Co.) we repeated and extended 
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Fig. 1. Variation of the angle of the artificial’ source with 
the level difference in dB of the two loudspeakers. 
Symmetrical position of the observer. Angle between 
the loudspeakers 30°, 
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these experiments. For the symmetrical positions 
(angle between loudspeakers 30° or 60°) we found 
(Fig. 1) within a certain range proportionality 
between the level difference in dB and the angle 
of the artificial source although there were consid- 
erable variations in the curve for different observers. 
The slope of the curve was about 1 dB per degree 
when the angle between the loudspeakers was 30° 
and about 0.5 dB per degree when the angle between 
the loudspeakers was 60°. At an unsymmetrical 
position (with an angle between the loudspeakers 
of 30°) the linear part of the curve had a slope of 
0.5 dB per degree (Fig. 2), whereas with an angle 
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Fig. 2. As Fig. 1 but with unsymmetrical position of the 
observer, again 30°. 


between the loudspeakers of 48° (Fig. 3) the results 
for different observers were very much different 
but the slope in dB per degree in any case still 
lower. 

A tentative conclusion. of these experiments was 
that for positions not too far from the axis of sym- 
metry and not too close to, nor too far from the 
loudspeakers, a variation of 0.5 dB per degree would 
be a suitable mean value. It must be stressed, 


Fig. 3. As Fig. 2, but with an angle between the loudspeakers 
of 48° instead of 30°. 
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however, that the distortions of the stereophonic 
impression are rather large at the unsymmetrical 
positions, as is easily seen from the curves. These 
distortions must be neutralized by developing 
suitable directional properties of the loudspeakers. 
To obtain the desired variation in intensity level 
of 0.5 dB per degree we looked for microphones 
having directional characteristics which within the 
angle used for the stereophonic reproduction were 
logarithmic spirals. Outside this angle the sensitivity 
ought to be zero. This meant that we had to use 
highly directional microphones. When the system 
was first tried some years ago, we used unidirectional 
microphones as described in the literature [3]. 
They are ordinary moving coil microphones provided 
with a bundle of thin tubes of different length placed 
before the microphone. Fig. 4 shows two directional 
characteristics for such microphones at frequencies 
1400 and 2000 c/s. The dotted curve in Fig. 4 is 
the ideal spiral having an increase in sensitivity of 
0.25 dB per degree. 

The experience gained with this system shows 
that we can obtain rather satisfactory stereophonic 
impressions both from orchestral music and from 
speech and sound effects, although the microphones 
correspond only roughly to the ideal ones. It is im- 
portant that the recording studio as well as the 
listening room have low reverberation times, say 
0.5 s for studios of 500 to 1000 m® volume. It was 
observed, as might be expected, that sound origi- 
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Fig. 4. Directional characteristics of tube microphones” at 
frequencies 1400 and 2000 c/s (drawn in full) compa- 
red to the ideal characteristic for stereophonic trans- 
mission (dotted). 


nating close to the axis of symmetry when repro- 
duced gives a lower level than sound coming from 
the sides. To avoid this one must either reduce the 
angle between the microphones, thus reducing the 
area from which sound may be recorded, or one 
must place a third microphone (also highly direc- 
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tional) between the two others, connected through 
amplifiers to both loudspeaker channels. The lower 
limit for the directional efficiency of the microphones 
applied was 300 c/s, and it was observed that the 
reverberant sound below this limit was somewhat 
disturbing in the reproduced sound picture. 

Recent practice with this system has shown that 
other types of microphones are applicable, e.g., 
condenser microphones placed in the foci of two 
parabolic reflectors or cardioid microphones of the 
modern type. 

Speaking of further developments it seems ap- 
propriate to use either microphones which are 
directional also at the lowest frequencies to avoid 
the reverberant sound, or studios with very low 
reverberation times. Moreover the frequency band 
should be divided at 800 c/s and the frequencies 
below this limit should be transmitted to a single 
loudspeaker placed in the middle. Certain features 
of this system remind one of the system proposed 
by WarnckE [4]. He proposed an array of highly 
directional microphones dividing the recording 
studio into narrow sectors. The microphones are 
connected to two loudspeaker channels via attenua- 
tion networks, the attenuation for a certain micro- 
phone depending upon its position in such a manner 
that a microphone on the left transmits most of its 
output to the left loudspeaker and vice versa. 

It seems, however, as if the system here mentioned 
is somewhat simpler both in arrangement and in 
practical use. 
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Discussion 


RopRIGUES DE MiranpA, J.: Having one loudspeaker only for 
frequencies up to 800 c/s it seems impossible to distinguish 
the direction of sounds of these frequencies? 

Lecturer: Yes, but this does not matter so much, because 
the stereophonic impression in general is more attached 
to the higher frequencies. 

MOo.ter, F. C. W.: I understand that the system explained 
requires a low reverberation time both for the transmitting 
and for the receiving room. Would not such low rever- 
beration times have a bad influence on the musical impres- 
sion, particularly for orchestral music? 


LecTuRER: The binaural effect seems to make reverberation 
less important. There is also the possibility of adding 
artificial reverberation. . 


BEGuN, S. J.: I wonder whether some additional time delay 
introduced between microphone and corresponding loud- 
speaker might not be helpful. Particularly in a hall which 
is very wide in relation to length intensity differences alone 
might not be satisfactory. In connection with the Cinerama 
system of sound reproduction, 6 channels were found to 
be a minimum to get some degree of realism. 


LeEcTURER: The system described deliberately avoids time 
differences, since the time differences introduced by placing 
the microphones far from each other may disagree seriously 
with the time differences occurring by natural hearing. I 
do not feel convinced of the superiority of the multichannel 
systems. 


THE RADIO SET 


AS AN INSTRUMENT FOR THE REPRODUCTION OF MUSIC 


by J. RopRIGUES DE MrraNnpDA 
Philips Industries, Eindhoven, Netherlands 


Summary. 1. Distortion should be decreased as the high frequency range increases. 2. Means 
are desirable for adjusting bass response, for cutting off and for gradual attenuation of treble. 3. The 
electro-acoustical engineer and the architect should cooperate closely. The cabinet must be rigid, 
the loudspeaker placed forward; its cloth chosen carefully. 4. The speaker should be chosen in accord- 
ance with the acoustical properties of the cabinet. The audio-frequency characteristic of the set 
should be carefully determined. 


Sommaire. 1. Il faut réduire la distorsion lorsque l’étendue de la gamme haute fréquence augmente. 
2. Il convient qu’il y ait des dispositifs appropriés pour régler la réponse des notes graves et pour 
couper ou affaiblir graduellement les notes aigués, 3. Il doit y avoir une collaboration étroite entre 
l’électro-acousticien et l’architecte. La cabine doit étre rigide, le haut-parleur étant monté A l’avant 
et muni d’un tissu soigneusement choisi. 4. Choisir le haut-parleur en fonction des caractéristiques 
de la cabine. La caractéristique des audio-fréquences de l'appareil doit étre soigneusement déterminée. 


Zusammenfassung. 1. Der Klirrfaktor soll niedriger sein, wenn das Diskantgebiet zunimmt. 
2. Es ist erwiinscht, daB Méglichkeiten vorhanden sind fiir die Tieftonreglung, das Abschneiden und 
das allmahliche Regeln der hohen Tone. 3. Der Elektroakustiker und der Konstrukteur sollen eng zu- 
sammenarbeiten. Das Geh4use soll starkwandig sein, der Lautsprecher méglichst weit vorn montiert 
und die Bespannung der Lautsprecherdffnung sorgfaltig ausgewahlt werden. 4. Der Lautsprecher 
soll mit Rticksicht auf die akustischen Eigenschaften des Gehauses gewahlt werden. Die Frequenz- 
kurve des Gerates soll sorgfaltig festgelegt werden. 
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This paper has been written from the viewpoint 
of an engineer who has to supervise the quality of 
reproduction of radio sets and who therefore has 
to deal with electrical as well as acoustical pheno- 
mena. However, an engineer will hardly ever be in 
a position to create the best possible amplifier and 
to design the best possible loudspeaking system as 
he has to take into consideration the financial and 
the aesthetical aspects too. 

I will confine myself in this paper to better class 
radio sets and discuss some aspects of the design 
which lead to the manufacturing of apparatus from 
which real musical enjoyment may be expected. 

I want to assume that we have at the input of the 
audio-frequency (a.f.) amplifier of a radio set an 
electric translation of the sound waves at the spot 
‘where we imagine the ear of the ideal listener to be. 

This a.f. voltage has to be amplified and translated 
again into sound waves. One of the first principles 
the designing engineer has to adhere to is: to the 
sinusoidal voltages which together constitute the 
applied signal none other shall be added. This means 
that no non-linear elements should be present. As 
non-linearity cannot be avoided absolutely limits 
have to be given which should not be surpassed. 

These limits can be given in two ways: 

a) by the percentage of distortion, 
b) by the percentage of intermodulation. 

Usually the figures of merit of the amplifier and 
of the loudspeaker are given separately. 

It will be clear that the distortion figures aimed 
at vary with the class of the radio set. When the 
distortion percentage method is used the percentage 
distortion should be given at a frequency of say 
1000 c/s as well as at a low frequency e.g. 60 c/s, 
as the maximum output tends to drop at lower fre- 
quencies. The intermodulation figures can be judged 
by the percentage and by the value of the two 
frequencies. 

The phase characteristic of the amplifier usually 
is unimportant as long as sharp rotations do not 
occur in the frequency range to be used. 

Whilst it is obvious that any addition of frequen- 
cies may result in unwanted effects, the question of 
linear distortion, i.e. unequal amplification of the 
various frequencies is less clear. This linear distor- 
tion tends to alter the "’colour’’ of the reproduction. 
Here we meet a typical and modern problem: is the 
quality of real music the quality that is liked best ? 
It is generally known that about 90% of the tone 
controls of radio sets and gramophones remain in 
the position: treble cut-off. Is this so because the 
high tones are not reproduced faithfully or are they 
not appreciated in general? 

A fact is that distortion at the high frequency side 
of the musical spectrum is very disagreeable or to 
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be more exact — the components of the distortion 
products which fall in this region are very annoying. 
According to my experience this is the main reason 
why so often the high tones are cut off. 

If we aim at high fidelity we simply have to strive 
for less distortion. In this connection it is necessary 
to point out that the harmonics of higher order are 
by far the more dangerous, 

Let us again assume the most ideal conditions, to 
wit, that no distortion is present in the amplifier 
and that the acoustical characteristic of the loud- 
speaker with its enclosure is straight as a function 
of the frequency. Even in this case — which is only 
a hypothetical one — we know that for lower frequen- 
cies we often need an increased output. In normal 
radio cabinets the cross-over frequency varies from 
100 to 300 c/s. It is possible and usual to correct 
the amplifier for this drop to a certain extent, but 
below the resonance frequency of the loudspeaker 
not much can be done. 

Returning now to the treble end of the spectrum, 
other criteria are present. In the case of AM recep- 
tion, atmospherics, man-made statics, interference 
whistles (at 9 kc/s) frequently necessitate a sharp 
cut-off, often combined with a 9 kc/s filter. The 
older of gramophone records asks for means for 
decreasing needle scratch. Usually only FM recep- 
tion (at least in Europe), good long playing records 
and tape recorders justify the use of the full fre- 
quency spectrum. 

Thus we find the desirability for sharp cut-off 
of treble, if possible with an adjustable cut-off fre- 
quency which in AM receivers might partially be 
accomplished in the if, part. In better class radio 
sets a bandwidth control therefore is opportune. As 
far as record playing equipment is concerned it is 
possible to give the pickup a sharp cut-off charac- 
teristic and/or to provide a suitable filter in the 
amplifier. 

Besides this treble control it is advantageous to 
have in a radio set or gramophone means for ad- 
justing the high frequency response curve. Such a 
control should provide an adjustable gradual drop- 
ping of the output towards the higher frequencies. 
This leads us to the conclusion that in order to 
fulfil all needs, two kinds of treble control are neces- 
sary. 

I would like to offer the following prescription: 
give the user the possibility to utilize the whole 
audio spectrum as far as the basic design permits, 
but give him also the means to adapt the frequency 
characteristic to his needs and to his taste. 

The design of the audio part of radio sets and 
gramophones in such a way that it fulfils the above 
mentioned requirements is more or less standard 
technique. The main task for the designing engineer 
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is: to compose commercially justified circuits and 
to obtain the requirements at a minimum cost price. 
The very low hum and noise levels asked for make 
his task even more difficult. 


We turn now to the electro-acoustical transducing 


system, the loudspeaker with its cabinet. We can’ 


distinguish the table model, the console type and 
installations with a separately built loudspeaker 
enclosure. 

The acoustical reproduction quality obtainable 
depends on the dimensions and the shape of the 
cabinet and on the loudspeaker characteristic. 
Usually there are general instructions regarding type 
of cabinet and its dimensions. It belongs to the 
task of the electro-acoustical engineer to find the 
best compromise for a certain amount of money, to 
find the most suitable type of loudspeaker and to 
adapt the amplifier to give the best results. It is also 
part of the work of this engineer to maintain the 
closest possible relation with the cabinet designing 
department in order to avoid unwanted construc- 
tions or dimensions. 

He wants a rigid cabinet of heavy material. This 
is point one. Constructional considerations often ask 
for a baffle, fastened to the inner surface of the front 
of the cabinet. As a result the loudspeaker has to be 
mounted quite deep behind the outer surface of the 
cabinet. This influences the acoustical characteristic 
quite considerably as may be seen from the following 
curves. 


5 10000 c/s 


——~ Frequency 
Fig. 1. Influence of baffle depth in front of the loudspeaker. 


In Fig. 1 curves a, b and c illustrate respectively 
the behaviour of a baffle of 25, 16 and 10 mm 
thickness. As might be expected the dip always 
occurs at the same frequency, the depth depending 
on the thickness of the panel. 
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Fig. 2. Influence of microphone position. 
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In Fig. 2 the influence of the distance of the 
microphone on the measurements is shown, Curve 
a is identical with curve la, the distance being 50 
cm, curve b gives the results for a distance of 10 cm. 
Increasing the distance to 100 cm gave no noticeable 
difference with curve 2a. Fig. 3 illustrates the in- 
fluence of the size of the loudspeaker opening. Curve 
a again is the same as la being determined for a 8” 
loudspeaker, curve b is for a 6’’ speaker on a baffle 
of the same thickness. 


~+10 — 
0 50 100 2 5 1000 2 5 
——> Frequency 


10000 cis 
Fig. 3. Influence of the size of the loudspeaker opening. 


It is obvious that as a rule the effect is unwanted 
especially as the dip occurs in the most vulnerable 
part of the frequency characteristic. For the repro- 
duction of sufficient bass it is of paramount impor- 
tance that as little acoustical leaking as possible is 
present. The resonance frequency of the speaker 
should lie about one octave below the cross-over 
point. A point which gives the electro-acoustical 
engineer much headache is the curious phenomenon 
that the architect, inspired by the customer-to-be, is 
inclined to spirit away the loudspeaker itself. Then 
again the loudspeaker opening has to be covered 
with a rich looking cloth. And this cloth can very 
well be the cause of poor quality reproduction. The 
influence of 3}types of loudspeaker cloths is shown 
in Fig. 4. The distance of the points of each curve 
from the zero-line is the attenuation in dB at the 


a A A 
7 ee FES Pe gE eae ae 
a "a oer eo 
9 DOARAN RS AGP ct SE 9) ! _ TH) ee 
RB AR eb! I be: iw at 


meen 

es | Cheah 
EES 
0 50 100 2 5 1000 2 5 
——~ Frequency 


Fig. 4. Attenuation by loudspeaker cloths. 


various frequencies. No comment is necessary. Now 
it is really difficult to design a cloth that is aestheti- 
cally adequate, that presents no difficulties in han- 
dling and glueing, that shows no unduly sagging or 
stretching under different atmospheric conditions 
and that is satisfactory from an acoustical point of 
view. The closeness of the weaving, the weight per 
unit of area, the stress at the process of glueing are 
important factors in the acoustical properties, 
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The bigger sets have an output of, say, 10 watts 
so that we have to decide between the use of two 
loudspeakers of smaller power-handling capacity or 
of one speaker which is capable of handling the 10 
watts itself. The difficulty of course is that the 
heavier type speakers with low resonance frequency 
usually are not too good in the higher frequencies, 
whilst the use of two speakers gives rise to bundling 
of the higher frequencies. 

The surface area of table type radio sets usually 
will not allow the use of two speakers of reasonable 
size. Fortunately with modern techniques the possi- 
bility exists of constructing a loudspeaker with a 
splendid frequency characteristic. As an example a 


_ characteristic of such a speaker is shown in Fig. 5, 


2008 
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Fig. 5. Acoustical curve of a wide-range loudspeaker. 


the resonance frequency being apparently 50 c/s, 
whilst the treble reproduction is extremely good up 
to 18000 c/s. The power-handling capacity is 10 W. 
The sound radiation diagram is amazingly good. 
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When the available space permits we might think 
of using an acoustical box or a bass reflex cabinet as 
an integral part of a floor model (console) radio set 
or radiogramophone. When the loudspeaker housing 
is a separate unit we have such a variety of enclo- 
sures at our disposal that it is an impractical object 
for discussion. 


Nearly all systems have their advantages and 
disadvantages and it is often a matter of personal 
taste which leads to the decision. The only thing I 
want to mention in this regard is that technical infor- 
mation should be complete and reliable. Phrases as: 
range from 50 --- 10000 c/s are of no use at all but 
belong to bad advertising policy. 


Discussion 


BEcKING, A. G. Tu.: Can the frequency of the dip, caused 
by mounting the speaker behind the baffle, be calculated ? 
There seems to be a close similarity to body baffle dips 
in hearing aids. 

LEcTuURER: The dip is probably due to interference between 
direct sound waves and sound waves reflected by the 
cylindrical wall of the baffle hole. Calculations confirm 
this theory to a close approximation. 

CRAMWINCKEL, A.: The lecturer aims at producing musical 
enjoyment but the question asked is: Is it generally correct 
to state that a listener is confronted with real music when 
he is listening to reproduced music either by electronic or 
by mechanical means, or will it always be a substitute 
(quite apart from considerations of more or less faithful 
reproduction) ? 

Lecturer: No publications known, but it is my opinion that 
the listener in fact is confronted with real music. As a 
comparison one might say that looking at a picture of a 
beautiful girl may give as much (or sometimes more) 
enjoyment as looking at the girl herself. 


DIE CHARAKTERISTISCHEN EIGENSCHAFTEN MAGNETISCHER 
‘SCHALLAUFZEICHNUNGEN IN ABHANGIGKEIT VON DEN BETRIEBS- 


BEDINGUNGEN UND DEN TONTRAGEREIGENSCHAFTEN 


von H, SCHIESSER 
Rundfunk-Technisches Institut, Ntirnberg 


Zusammenfassung. Die Abhiangigkeit der QualitatskenngroBen einer magnetischen Schallauf- 
zeichnung yon den Tontragereigenschaften und den Betriebsbedingungen der Anlage wird gezeigt. 
Die physikalischen Tontragereigenschaften bestimmen den Verlauf der statischen Remanenzkenn- 
linie, die Betriebsbedingungen ihre durch die zyklische Magnetisierung beim HF-Verfahren bedingte 
Abanderung zur dynamischen Kennlinie. Der grundsatzliche Einflu8 der Kennlinienform auf die 
GréBen Empfindlichkeit, Pegel, Frequenzgang, nichtlineare Verzerrungen, Stérgerausch, Kopier- 
effekt und Léschbarkeit wird gezeigt und die Abhangigkeit dieser GroéBen von den physikalischen 
Tontragereigenschaften wird experimentell ermittelt. 


Summary. The relation between the quality factors of a magnetic sound record and the properties 
of the sound carrier and the conditions of operation is exemplified. The fundamental influence of 
the form of the characteristic on sensitivity, level, frequency response, non-linear distortion, back- 
ground noise, printing-effect and erasure is pointed out and their relation to the physical properties of 
the sound carrier determined experimentally. 


Sommaire. Les paramétres définissant la qualité d’un enregistrement magnétique du son dépen- 
dent du ruban et des conditions d’emploi de l’appareil. Les caractéristiques physiques du ruban 
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déterminent l’allure de la caractéristique statique de rémanance, tandis que les conditions d’emploi 
déterminent la caractéristique dynamique due a l’aimantation périodique. On a déterminé expéri- 
mentalement l’influence fondamentale de la forme de la caractéristique sur les grandeurs suivantes: 
sensibilité, niveau, réponse en fréquence, distorsions non linéaires, bruit, effet “echo’’, possibilité 
d’effacement, et sur leur dépendance vis 4 vis des caractéristiques physiques du ruban. 


Uber die grundsatzliche Arbeitsweise des Ma-, 


gnettonverfahrens besteht nach zahlreichen Unter- 
suchungen der Einzelprobleme weitgehend Klarheit, 
dennoch sind wegen der Vielzahl der Parameter, ins- 
besondere beim Aufsprechvorgang, kaum gesetz- 
maBige Beziehungen zwischen den physikalischen 
Eigenschaften der verwendeten Tontrager einerseits 
und den auf Magnettonanlagen erhaltenen elektro- 
akustischen Kennwerten andererseits abzuleiten. 
Aus diesem Grunde wurden diese Zusammenhange 
experimentell mit einer Standardanlage ermittelt und 
die méglichen EinfluBfaktoren untersucht. 


1. Physikalische Tontragereigenschaften 


Den Verlauf der Remanenzkurve B,/H, die als 
statische Arbeitskennlinie anzusehen ist, bestimmen 
in erster Linie Koerzitivkraft und Sattigungsrema- 
nenz sowie die Anfangspermeabilitat des Materials, 
Eigenschaften, die zweckmaBig an Biindeln in wech- 
selstromdurchflossenen Solenoiden ermittelt werden. 
Untersucht wurden Materialien mit Koerzitivkraften 
bis 300 AW/cm und Remanenzen bis 800 G *), 


2. Betriebskenngréfen der Magnettonanlagen 


Die Arbeitsweisen der verschiedenen Magnetton- 
anlagen sind sich in wesentlichen Punkten ahnlich: 
Verwendung einer Standardreihe von Tontragerge- 
schwindigkeiten, Anwendung des HF-Vormagneti- 
sierungsverfahrens, Benutzung einseitig am Ton- 
trager anliegender Ringképfe von 10 --- 20 um Spalt- 
breite. Unterschiedlich sind Intensitat und Fre- 
quenzgang der Vormagnetisierung sowie die schwer 
erfaBbare Form des Aufsprechspaltfeldes. Da hiervon 
Empfindlichkeit, Aussteuerbarkeit, Frequenzgang, 
Vormagnetisierungsstrombedarf, nichtlineare Ver- 
zerrungen, Stérgerausch, Kopiereffekt und Lésch- 
barkeit weitgehend beeinflu8t werden, wird fiir Ton- 
tragerbeurteilungen eine Aufsprechanordnung vor- 
geschlagen, die aus einem reproduzierbaren Doppel- 
leitersystem [1] definierten Feldverlaufs besteht. 
Fiir den Wiedergabekanal gestatten die vom CCIR 
aufgestellten Empfehlungen [2] die Erfassung der 
Oberflacheninduktion des Bandes mittels unter- 
schiedlicher Abtasteinrichtungen, 


3. Arbeitskennlinie 


Die Anfangssteilheit der Remanenzkurve ist ein 
MaB8 fiir die Empfindlichkeit gegeniiber einwirken- 


*) 10‘ GauB = 1 Vs/m*. 
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den auBeren Stérfeldern. Bei zyklischer Vorma- 
gnetisierung wird der Aufsprechvorgang durch den 
Verlauf der dynamischen Kennlinie beschrieben, die 
sich von ihr durch geringere Kriimmung im Ur- 
sprung und héhere Steilheit im mittleren Teil und 
Ubergang in den Sattigungsbereich bei kleineren 
Feldstarken unterscheidet. Diese Abweichungen 
sind von der Intensitat und der Frequenz der Vor- 
magnetisierung und von den Signalfrequenzen, bzw. 
deren Wellenlangen, abhangig; fiir jeden Betriebsfall 
ergibt sich also eine andere dynamische Kennlinie. 
Sie ist ferner abhangig vom Feldstarkegradienten in | 
Richtung senkrecht zum Tontragerlauf und kann : 
daher vergleichbar nur im homogenen Feld oder 
betriebsnaher in der erwahnten absoluten Auf- | 
sprechanordnung bestimmt werden. Anschaulich 
1aBt sich ihre Entstehung in der zur Aufnahme der 
: 


Hystereseschleifen benutzten Anordnung demon- 
strieren, wenn nach Vorschlag von SCHMIDBAUER 
zusatzlich ein Signalstrom entsprechenden zeitlichen 
Verlaufs zugefiihrt wird, so da8 schrumpfende un- 
symmetrische Schleifen erhalten werden. 


4, Empfindlichkeit 


Der Empfindlichkeitsverlauf ist innerhalb des 
RAYLEIGH-Bereiches durch die Steilheit der Re- 
manenzkurve gegeben; die festgestellten systema- 
tischen Abweichungen hiervon lassen sich auf das 
dem Spaltfeld iiberlagerte Feld des bereits magneti- 
sierten Bandes zuriickfiihren. Der Maximalwert der 
Empfindlichkeit ist fiir groBe Wellenlangen etwa 
proportional der Remanenz und der Schichtdicke 
(Abb. 1), Die hierfiir erforderliche Vormagnetisierung 
steigt mit Koerzitivkraft und Schichtdicke (Abb. 2). 
Bei hoher Vormagnetisierung werden in der unmit- 
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0 200 400 
——= Remanenz Bp 
Abb. 1. Abhangigkeit des spezifischen Bandflusses von der 
Remanenz; 4 = 762m; Arbeitspunkt: maximale 
Empfindlichkeit; fxr = 80 kHz. 10° Maxwell=1 Vs. 
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telbar am Kopf anliegenden Zone die optimalen 
Aufzeichnungsbedingungen iiberschritten; die Auf- 
zeichnung findet daher in Laufrichtung verschoben 
an einer Stelle mit flacherem Feldverlauf statt. Die 


30mA 


0. 100 300 AWiem 


200 
—— Koerzitivkraft H- 

Abb. 2. Abhangigkeit des Vormagnetisierungsstromes fiir 
maximale Empfindlichkeit von Koerzitivkraft und 
Schichtdicke; fyr = 1 kHz, fur = 80kHz, v = 76,2 
cm/s. 


damit verbundene Benachteiligung der kleinen Wel- 
lenlangen ergibt fiir diese eine Verschiebung der 
Vormagnetisierung fiir optimale Empfindlichkeit zu 
kleineren Werten. Sie ist der Schichtdicke propor- 
tional, 


5, Frequenzgang 


Der Frequenzgang der Aufsprechentmagnetisie- 
rung ergibt sich aus dem Unterschied der dynami- 
schen Arbeitskennlinien fiir die zeitlich entspre- 
chend verlaufenden Zyklen im Aufsprechfeld. Ab- 
weichend vom zu erwartenden exponentiellen Ver- 
lauf tritt bei bestimmten Vormagnetisierungswerten 
ein Einbruch im Frequenzgang auf, der ebenfalls auf 
die Riickwirkung des bereits magnetisierten Bandes 
auf den Feldverlauf zuriickzufiihren ist. Der Expo- 
nent des Abfalles, mit der absoluten Aufsprechan- 
ordnung bestimmt, stellt ein vergleichbares MaB 
fiir den Frequenzgang eines Tontragers bei gege- 
benen Betriebsverhaltnissen dar. Die Selbstentma- 
gnetisierung des Tontragers, die durch Riickscherung 
am Wiedergabekopf zum groBen Teil riickgangig 
gemacht wird, ist ein weiteres Bestimmungselement 
des Frequenzganges. Der Empfindlichkeitsriickgang 
eines Bandes bei hohen Frequenzen, bezogen auf die 
spezifische Empfindlichkeit bei niederen Frequen- 
zen, ist im wesentlichen von der Koerzitivkraft und 
damit von der Anfangspermeabilitat abhangig. 


6. Nichtlineare Verzerrungen 


Die kubischen, allein interessierenden Verzer- 
rungen sind aus der ersten und dritten Ableitung 
der Remanenzkurve zu ermitte!n, wobei eine Inte- 
gration iiber alle an der Aufzeichnung teilnehmenden 
Schichten erforderlich ist. Abweichungen hiervon 
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treten durch starkere Kennlinienkriimmung bei 
gréBerer Zyklenzahl auf. Der Wendepunkt der 
Kennlinie fiihrt zu einem Minimum der Verzer- 
rungen in diesem Arbeitspunkt. Unter Betriebsbe- 
dingungen ist der fiir gegebene Verklirrung erziel- 
bare Bandflu8 eine Funktion der Remanenz und 
steigt bei groBen Wellenlangen etwa mit der Qua- 
dratwurzel aus der Schichtdicke (Abb. 3). 


milli - Maxwell 


0 2000 Gauss Vm 4000 
aor eee Bp Vs” 
Abb. 3. Abhangigkeit des erzielbaren Pegels von Remanenz 
und Schichtdicke; A = 762 4m; Arbeitspunkt: maxi- 
male Empfindlichkeit; fur = 80 kHz. 


7. Stérgerausch 


Neben einem durch die gesattigten Elementar- 
magnete gegebenen Ruherauschen tritt ein durch 
Amplituden- oder Frequenzmodulation des aufge- 
zeichneten Signals oder der aufgezeichneten Vor- 
magnetisierungsfrequenz verursachtes Stérgerausch 
auf. Im Falle der Amplitudenmodulation ist es 
durch die Inhomogenitaten des magnetischen 
Belages und des Kontaktes zwischen Band und 
Kopf, im Falle der Frequenzmodulation durch 
Bandlingsschwingungen verursacht. Wenn Ande- 
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Abb. 4. Stérgerausch in Abhangigkeit vom Magnetisierungs- 
strom; v = 76,2 cm/s. 


44 SECTION I: SOUND RECORDING, SCHIESSER 


rungen des magnetischen Leitwertes im Aufsprech- 
spaltfeld zu einer Schwankung des Aufsprechflusses 
fiihren, tritt eine Verstarkung des Stérgerausches 
ein. Oberhalb des Arbeitspunktes maximaler Emp- 
findlichkeit vermindert sich der EinfluB des durch 
Kontakt- und Oberflacheninhomogenitaten verur- 


sachten Rauschens und der durch innere Bandin- ' 


homogenitaten verursachte Anteil bleibt iibrig 


(Abb. 4.). 


8. Kopiereffekt 


Der von der Anfangssteilheit der Remanenzkurve 
abhangige spontane Anteil ist bereits bei nur Se- 
kunden dauernder Einwirkung zwischen den Nach- 
barwindungen gegeniiber dem zeitabhangigen Anteil 
vernachlassigbar. Dieser zeigt bei einigen Bandtypen 
einen streng logarithmischen Verlauf tiber acht 
Zehnerpotenzen der Einwirkzeit, bei anderen repro- 
duzierbare Spriinge oder starkeren Anstieg bei lange- 
ren Einwirkzeiten (Abb. 5). Der Faktor des Anstiegs 
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Abb. 5. BandfluB ®,. der Kopie und Kopierdampfung 6, in 
Abhangigkeit von der Einwirkzeit. 


1aBt keine Zuordnung zu den magnetischen Band- 
eigenschaften erkennen; er wird auf intermolekulare 
Vorgange, fiir die die Aktivierungstemperatur ein 
Ma8B ist, zuriickgefiihrt. Ein iiberraschender EinfluB 
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mechanischer Bandbeanspruchungen auf den Ko- 
piereffekt wurde festgestellt, als dessen Ursache 
Magnetostriktion vermutet wird. Diese Tatsache 
zeigt neue Méglichkeiten sowohl zur Herstellung 
von Kontaktkopien als auch zur Verbesserung der 
Kopierdampfung ohne Verwendung eines die Giite 
des Originals bzw. der Nutzmodulation beeinflus- 
senden Hilfsfeldes. 


9, Léschbarkeit 


Die grundsatzlichen Zusammenhange zwischen 
Léschbarkeit und Koerzitivkraft zeigen starke Ano- 
malien, auch in bezug auf den EinfluB der Stabilitat 
der zu léschenden Aufzeichnungen und die Verbes- 
serung der Léschwirkung bei Mehrfachléschung so- 
wie die Wirkung der zwischen den Einzelléschungen 
liegenden Zeitraume. Auch der Einflu8 der Lésch- 
feldrichtung ist fiir einzelne Bandtypen stark unter- 
schiedlich und l4Bt noch keine GesetzmaBigkeiten 
erkennen. Es wird vermutet, daB Nachwirkungs- 
effekte die Ursache dieser Erscheinungen sind. 
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Diskussion 


BeEcun, S. J.: a) From Mr. Scuresser’s remarks it becomes 
obvious that the forces acting on the magnetic particles 
are small indeed. One only has to consider the fact that 
the particles are imbedded in an elastic medium which 
will absorb most of the deformation stresses, and thus 
further reduce the forces on the particles. I believe more 
work should be done in this field, to learn more about 
the mechanism of this phenomenon. 

b) What is the order of magnitude of the mechanical forces 
which are required to transfer a signal from a mother to a 
daughter tape ? 

VORTRAGENDER: a) Mechanical forces acting on the magnetic 
particles are small indeed. The effect seems to be due to 
magnetostriction. Any changes in permeability whilst super- 
imposing magnetic forces could not be found. Experiments 
on this problem are being continued. 

b) The effect was observed by pressing the tape baenes 
capstan and rubber pressure roll. Stronger effects could 
be found when leading the tapes over a sharp edge or 
around a number of small rolls. Mechanical forces are 
small enough to exclude any damage of the tape. 
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EINIGE SCHALLPLATTENAUFNAHMEPROBLEME 


von F, SCHLEGEL 
Fonofilm Industri A/S, Kopenhagen 


Zusammenfassung. 


Einige Schallplattenaufnahmeprobleme werden erértert unter besonderer 


Beriicksichtigung der nur durch Gegenkopplung gedampften Schreiber. Einzelheiten iiber einen 
in der Literatur der Hauptsprachen nicht beschriebenen Schreiber werden angegeben. 


Summary. Certain problems in sound disc recording are discussed with special reference to 
cutting heads damped by countercoupling only. Data are given on a cutting head not described in 


one of the principal languages. 


Sommaire. 


On discute quelques problémes d’enregistrement sur disques, en considérant parti- 


culiérement le cas d’un enregistreur amorti seulement par réaction. On donne quelques détails relatifs 
a un enregistreur qui n’est pas décrit dans la littérature des principales langues. 


Die Schallplattenaufnahme ist in der neueren Zeit 
 wesentlich verbessert worden durch die Einfiihrung 
gegengekoppelter Schreiber. Diese bieten ganz be- 
sondere Vorteile, wenn die gesamte Dampfung des 
schwingenden Systems rein elektrisch gemacht wird, 
aber auch verstarkertechnisch die gréBten Schwie- 
rigkeiten. Der erste solche Schreiber wurde wohl 
von den Herren VIETH, WIEBUSCH und YENZER im 
Herbst 1938 beschrieben [1]. Dieser Schreiber 
ist ein ,,hill and dale’ Schreiber, und wohl etwas 
leichter zu konstruieren als ein Schreiber fiir das 
Transversalverfahren, da es mechanisch leichter 
ist, einem hin- und herschwingenden System mit 
Hilfe von Parallelfiihrungen nur einen Freiheitsgrad 
zu geben als einem System, welches sich um eine 
Achse dreht. 
Es wurde in Danemark wahrend des Krieges ver- 
‘sucht einen solchen Schreiber zu konstruieren, und 
im September 1949 verdffentlichte auch Herr YEN- 
ZER, einer der drei obengenannten Herren, einen 
Lateral feedback disc recorder’’ [2]. Da auBer den 
Patentschriften iiber die danische Konstruktion in 
groBen Sprachen nichts veréffentlich worden ist, sei 
es mir gestattet, iiber diesen mittlerweile gut einge- 
fiihrten Schreiber einige Einzelheiten zu berichten. 
Wenn die Dampfung eines Schreibers rein elek- 
trisch gemacht wird, kann man erreichen, daB der 
Ausschlag praktisch nicht mehr vom Schneide- 
widerstand abhangt. Man kann den wirklichen Aus- 
schlag jederzeit an der Gegenkopplungsspule regi- 
strieren und feststellen, daB der Amplitudenunter- 
schied beim Schneiden von Lackplatten in Innenril- 
len und beim Schwingen in Luft kleiner als 1 dB ist. 
Erhalt man einen schlechteren Frequenzgang auf der 
Platte, als er nach Beobachten der gegengekoppelten 
Spannung zu erwarten ware, ist daraus zu schlieBen, 
daB der Stichel die Rillenwand nur elastisch defor- 
miert hat. Bei hohen Frequenzen ist dies durchaus 
méglich, da ja die gréBten Amplituden, die man 
aufzeichnen wird, nur einige Mikron Ausschlag 
haben. Mit Hilfe solcher Schreiber lassen sich also 


leicht Versuche iiber die Schneidefahigkeit der 
Stichel durchfiihren. Schliff, Facetten und bei ge- 
heizten Sticheln die notwendige Temperatur kénnen 
untersucht werden. 

Die Wirkungsweise eines gegengekoppelten Schrei- 
bers kann leicht verstandlich folgendermaBen erklart 
werden. Ein schwingendes System mit nur einem 
Freiheitsgrad bewegt sich nach der Gleichung 
mx + rx + dx = p(t). 

Ein solches System wird gedampft durch die p(t) 
entgegengesetzte Kraft — rx, die also in Phase mit 
der Geschwindigkeitsamplitude und dieser propor- 
tional ist. In der Treibspule des Systems kénnen 
wit uns Zwei entgegengesetzte Stréme vorstellen; 
einen, der der treibende ist und die Kraft p(t) er- 
zeugt gemaB dem zugefiihrten Sprechstrom, und 
einen bremsenden, erzeugt von der Spannung tiber 
die Gegenkopplungsspule — rx. Die Geschwindig- 
keit des Systems ist bekanntlich nur im Resonanz- 
punkt mit der treibenden Kraft in Phase. Bei groBer 
Dampfung ist die Geschwindigkeitsamplitude eines 
Systems bei gleicher Treibkraft fast frequenzunab- 
hangig innerhalb eines breiten Bandes. Die Gegen- 
kopplungsspannung ist also fast konstant, die GroBe 
der Gegenkopplung selbst ist aber etwa Null an den 
Enden des Bandes und mu8 in der Mitte desselben 
einen Wert erreichen, der wesentlich von der un- 
vermeidlichen Restdampfung des Systemes abhangt 
und bei allen erwahnten Schreibern in der Gegend 
von 40-50 dB liegt. Diese Gegenkopplung ist 
daher nur von der Phasenlage der beiden Stréme 
durch die Treibspule oder von der Phasenlage 
zwischen p(t) und — rx abhangig, die in richtigem 
MaBe vom Schwingungszustand des Systems selbst 
geregelt wird. Der verwendete Verstarker mu8 inner- 
halb des Bandes absolut phasenrein sein, d.h. die 
Laufzeit aller Frequenzen durch diesen Verstarker 
mu Null sein. Schwingt das System anomal, wenn 
es z.B. mehr als einen Freiheitsgrad hat, so wird der 
Phasenzustand nicht mehr richtig sein. Schlimm- 
stenfalls kann sich bei 180° Phasendrehung die 
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Gegenkopplung in volle Riickkopplung verwandeln, 
was katastrophale Folgen hat. Ein solches schwin- 
gendes System wird versuchen, sich bei groBen Ge- 
schwindigkeitsamplituden um seinen Schwerpunkt 
zu drehen und damit seine elastische Lagerung zu 
deformieren. Wenn das System nur einen Freiheits- 
grad haben soll, muB diese Aufhangung sehr stabil 
sein, was einen verhaltnismaBig unempfindlichen 
Schreiber ergibt. Eine Aufhangung in Achslagern 
verbietet sich wegen der kleinen Amplituden. In 
deren GréBenordnung wird ein Achslager immer 
Spiel haben, also gar keine Sicherheit fiir nur einen 
Freiheitsgrad bieten. YENZER beschreibt auch in 
seinem Artikel die. Schwierigkeiten mit der Bewe- 
gung um den Schwerpunkt. Bei der Konstruktion 
des danischen Schreibers beachtete man von vorn- 
herein dieses Problem und baute das System, 
wie aus der Abb. 1 hervorgeht, so, da8 der Dreh- 
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Abb. 1. Querschnitt eines elektrodynamischen Schallplatten- 
schreibers, 


punkt mit dem Schwerpunkt des Systemes zu- 
sammenfiel. Es gelang auf diese Art einen stabilen 
Schreiber groBer Empfindlichkeit zu schaffen. Das 
Magnetsystem konnte so klein gehalten werden, daB 
der Schreiber nur 270 g wiegt. Auf Grund der 
Erkenntnis, daB es auch schwer sein kénnte einen 
Saphirhalter fiir die héchsten aufzuzeichnenden 
Frequenzen villig steif zu machen, wurde die Gegen- 
kopplungsspule in Saphirnahe angebracht. Hat doch 
z.B. ein einseitig eingeklemmter Stab von 1 mm 
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Durchmesser und 10 mm Lange aus Stahl oder 
Duraluminium nur eine Eigenfrequenz von 3800 Hz 
und ein solcher von 2 mm Durchmesser und 5 mm 
Lange eine solche von 30 kHz. Um die mechanische 
Stabilitat des schwingenden Systems nicht zu ver- 
kleinern, wurde die Spule in einem Magnetfeld so 


' angeordnet, wie es aus der Abb. 2 hervorgeht. 


Abb. 2. Querschnitt des schwingenden Systems der Abb. 1. 


Der Wirkungsgrad dieses Polsystems ist ausrei- 
chend, da man mit der aus anderen Griinden not- 
wendigen Mindestanzahl von Verstarkerstufen aus- 
kommt. 

Jedes frequenzbandbegrenzende Glied muB die 
Phase von + 90° auf — 90° von Grenze zu Grenze 
drehen. Daher wird bereits bei nur einer Verstarker- 
stufe eine Phasendrehung von 180° und damit volle 
Riickkopplung méglich. Vermeiden 14Bt sich dies 
nur durch hinreichend groBe Dampfung im ersten 
frequenzbegrenzenden Glied, ehe das zweite an- 
fangt die Phase zu drehen, und durch besonderen 
Phasengang entsprechend Nyguists Theorem. 
Durch Ausnutzung der Steifigkeit des schwingenden 
Systems und phasenbeeinflussender Komponenten 
im Gegenkopplungskreis la8t sich eine groBe Damp- 
fung unmittelbar jenseits des hérbaren Frequenzge- 
bietes erreichen, so daB eine geniigende Stabilitat 
der Verstarkerschaltung trotz des groBen Gegen- 
kopplungsgrades zu erlangen ist. 

Doch wird durch die Gegenkopplung nicht nur 
der Vorteil einer groBen Dampfung erreicht, sondern 
auch der einer groBen Reinheit der Aufzeichnung. 
Mit den genannten Schreibern lassen sich bei voller 
Aussteuerung und an den Grenzen des Bandes, wo 
die Gegenkopplung noch klein ist, Intermodula- 
tionen von einigen Promille erreichen, wahrend die 
Intermodulation zwischen Frequenzen in der Band- 
mitte fast unmeBbar klein ist, in der Gegend von 
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0,1 -+- 0,2°/9. Dieser Wert ist an der Gegenkopplung 
gemessen, wahrend der Schreiber eine Platte schnei- 
det. Ganz gewiB treten beim Abtasten der Platte Ver- 
zerrungen auf, die gréRer sind, aber sich doch, be- 
sonders bei Mikrorillen, in sehr bescheidenen Gren- 
zen halten lassen. Die leichte Anbringung groRer 
Schwungmassen in den Plattentellern ermédglicht es, 
die Geschwindigkeitsschwankungen sehr niedrig zu 
halten, Werte von 1°/,, und weniger fiir Aufnahme 
und Wiedergabe zusammen sind durchaus zu er- 
méglichen. Daher stellt wohl heute die Schallplatte 
die besterreichbare Tonreproduktion dar, die wohl 
in den genannten Punkten sogar die Magnettonauf- 
zeichnung tibertreffen diirfte. 

Durch Verwendung von Vinolyte und Polystyrol 
als Plattenmaterial und die Anwendung von ge- 


_ heizten Sticheln bei der Aufnahme kann das Nadel- 


gerausch moderner Aufnahmen sehr niedrig ge- 
halten werden. Leichtes und billiges Produzieren 
der Platten, billige Abspielgerate, Ubersichtlichkeit 
einer Diskothek, sofortige Griffbereitschaft einer 
Aufzeichnung oder eines Teiles derselben sind die 
groBen Vorteile der Schallplatte, die dieser wohl 
trotz aller Konkurrenz noch ein langeres Leben 
sichern werden. 

Vom Standpunkt des Musikliebenden und auch 
des Technikers ware zu wiinschen, daB man mehr 
dazu iiberginge zur Pressung nur Vatermatrizen zu 
benutzen. Das Vervielfaltigen einer Aufnahme, die 
ja fast immer auf Magnetophonband vorliegt, ist 
heute so gut méglich, daB man fiir jede PreBmatrize 
eine neue Lackaufnahme opfern kénnte. Hierdurch 
wiirde man die genauest mégliche PreBmatrize er- 
halten, wenn schon Vervielfaltigungen von Matrizen 
auf galvanischem Wege mit einer erstaunlichen Ge- 
nauigkeit erfolgen kénnen. Aber die kleinsten Ampli- 
tuden héchster Frequenzen, die noch wiedergegeben 
werden kénnen, liegen nun einmal in der Gegend 
von Lichtwellenlangen. Besonders beim Ubergang 
Zu gespritzten Platten, wo der VerschleiB der Ma- 
trizen bedeutend geringer wird, lieBe sich dieser Ge- 
danke vielleicht verwirklichen. Und die gréBte Bitte 
aller Musikliebenden, Platten ohne ,,Flutter’’. 19/9 
zusatzliche Geschwindigkeitsanderungen werden 
gelegentlich schon hérbar. Soll dieser Betrag auf 
Innenrillen mit vielleicht 50 mm Radius noch nicht 
iiberschritten werden, so darf die Exzentrizitat des 
Loches nur einige Hundertstel mm sein. In einem 
soeben erschienenen Standardvorschlag ist von einer 
etwa zehnfachen Toleranz die Rede. Wir Techniker 
miissen wohl umgehend eine Methode zur Er- 
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reichung dieses Zieles angeben, die so einfach ist, 
daB die Fabrikanten nicht davor zuriickschrecken 
diese auch anzuwenden. 

SchlieBlich noch ein kurzer Hinweis. Film, Band, 
vielleicht auch die Platte selbst kann verganglich 
sein. Mit Draht aus Valdemar Poulsens Telegrafon 
hat man Erfahrung mit 50jahriger Lagerfahigkeit. 
Aber eine PreBmatrize, speziell wenn deren Ober- 
flache mit edlem Metall iiberzogen oder durch Auf- 
dampfen geeigneter Substanzen wie Quarz oder 
Siliziummonoxyd gegen Korrosion geschiitzt wird, 
diirfte eine Lagerfahigkeit von Jahrhunderten, ja 
vielleicht Jahrtausenden haben und damit eine 
wirklich sichere Archivierung kulturell wertvoller 
Dinge erméglichen. 
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Diskussion 


SkupRzyK, E.: Sind die Phasendrehungen im Bereich der 
Nadelresonanz und der tiefen Frequenzen fiir diesen 
Schreiber bekannt? Wie weit auBern sie sich in Laufzeiten 
und klanglichen Storungen, wie sie z.B. bei stark gegen- 
gekoppelten Radioapparaten in den falschen Badssen be- 
kannt sind ? 


VORTRAGENDER: Wegen der hohen Resonanzfrequenz des Sy- 
stems herrscht bei den tiefen Frequenzen voreilende 
Phase, die aber gebremst wird. Eine Korrektion der Phase 
im Vorverstarker ware méglich. Der maximale Energie- 
verbrauch ohne Gegenkopplung ist 1 --- 2 Watt, es konnen 
aber Spitzen bis zu 15 Watt und auBerordentlich kurzer 
Dauer (10:50 Us) auftreten, die auf Bremsung der an- 
gestoBenen Resonanz durch die Gegenkopplung zuriick- 
zuftihren sind. 


Rapemakers, A.: Kénnen Sie Zahlen angeben in bezug auf 
die Differenz zwischen Stichelamplitude und geschnit- 
tener Amplitude? 


VORTRAGENDER: Keine bei tiefen Frequenzen; unter guten 
Bedingungen findet man bei 15 kHz héchstens 2-3 dB 
Abweichung gegen die Messungen mit einem Tonabnehmer 
Ortofon C mit nur 1 mg Spitzenmasse und den damit zu 
erwartenden theoretischen Wert und gegen das Meyerlicht, 
dessen Angabe aber wegen der auftretenden Interferenz- 
streifen auch ungenau ist. 

Franz, W. weist auf die Schwierigkeiten bei der Messung der 
Tonhohenschwankung und der Schiitterspannung von sehr 
hochwertigen Schallplattenabspielmaschinen hin, weil 
diese Maschinen giinstigere Daten aufweisen als die zur 
Zeit zur Verfiigung stehenden Priifplatten und Leerrillen- 
platten. 
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THE ESTABLISHMENT OF QUALITY STANDARDS 


BY SUBJECTIVE ASSESSMENT 


by T. SOMERVILLE 
British Broadcasting Corporation, London 


Summary. B.B.C. methods for subjective testing in the field of electro-acoustics are described. 
The B.B.C. endeavours to reproduce the original sound because only in this way is a reliable standard 
available. From considerable experience it has been found to be quite impossible to make reliable 
comparisons subjectively unless the acoustics of the originating studio are good. Loudspeaker testing 
is used as an example, although the methods are applicable to other types of electro-acoustic equip- 
ment. 


Sommaire. On décrit les méthodes d’essais subjectifs employées en électro-acoustique par la 
B.B.C. La B.B.C. s’efforce de reproduire le son original, car c’est la seule fagon d’obtenir un jugement 
sir. D’aprés la trés grande expérience acquise en la matiére, il est tout a fait impossible de faire sub- 
jectivement des comparaisons sires, si l’acoustique du studio d’essai n’est pas bonne. On a pris 
comme exemple l’essai d’un haut-parleur, mais les méthodes sont applicables a d’autres types d’appareil 
électro-acoustique. 


Zusammenfassung. Es werden einige bei der B.B.C. benutzte subjektive Testmethoden be- 
schrieben. Dabei ist man stets bestrebt, die Originalklange wiederzugeben, weil man nur auf diese 
Weise eine zuverlissige Norm erhalt. Auf Grund zahlreicher Erfahrungen hat sich gezeigt, da’ man 
zuverlassige subjektive Vergleiche nur durchfiihren kann, wenn die Akustik des Aufnahmestudios 
gut ist. Als Beispiel wird die Lautsprecherpriifung beschrieben; jedoch sind die Methoden auch 
auf andere elektroakustische Gerate anwendbar. 


The maintenance and improvement of quality 
standards in any electro-acoustic system, whether 
it be broadcasting or sound recording, requires 
constant supervision, a comprehensive measuring 
technique, and a reliable system of subjective assess- 
ment. There has been considerable development in 
measuring techniques, but there is so far no estab- 
lished system of subjective tests. Yet it is the sub- 
jective assessment which provides the final verdict 
on the capabilities of a system. 

Listening tests of one type or another are always 
carried out, but there are pitfalls in subjective testing. 
It may therefore be of advantage to outline methods 
used in the B.B.C. as a guide to other workers. 

No doubt it will be generally agreed that repro- 
duction of sound by electro-acoustic means can 
never be an exact replica of the original. This is so 
for a number of reasons. First and most important, 
most recording and broadcasting systems are not 
stereophonic; it is not economic to employ more 
than one channel between the listener and the studio. 
There are also inevitable distortions of the signal 
in every part of the system, so that it is quite 
impossible to reproduce the original exactly. 

As the original sound cannot be duplicated, two 
fundamental decisions have to be made. The first 
decision by most organisations is that every attempt 
should be made to reproduce the original as closely 
as possible, because only in this way can a standard, 
reasonably unaffected by matters of opinion, be 
obtained. 

As the listening room acoustics also have a pro- 
found effect on the results, a decision is necessary 


on the standard listening conditions. It is often 
argued that listening rooms should be as “dead” as 
possible so that their acoustics cannot have an ap- 
preciable effect on the programme. In this con- 
nection it should not be forgotten that the polar 
diagram of the loudspeaker also affects the subjec- 
tive reverberation time of the room. Some organisa- 
tions make studio listening cubicles dead; they 
perhaps do not realise that monitoring of the pro- 
gramme may be misleading because the ordinary 
listener does not listen under very dead conditions. 
Experiments have shown that in Britain the rever- 
beration time of the average living room is of the 
order of half a second, and for this reason most of 
the B.B.C.’s critical subjective tests are carried out 
in listening rooms having a reverberation time of 
this order. These rooms are furnished as far as 
possible in the manner of living rooms. 

In carrying out subjective tests it is usual to 
proceed by a series of successive assessments, each 
part of the chain being dealt with in turn. Such an 
investigation becomes very elaborate and must be 
conducted with care if reliable results are to be 
obtained. It should be noted that it is quite possible 
for one element of the chain to compensate for faults 
in another, so that improvement in one part some- 
times results in an unexpected deterioration in 
overall performance. The best way to illustrate some 
of the difficulties is to describe some experiments 
conducted by the B.B.C. 


After the war it became necessary to select a new 
loudspeaker for monitoring B.B.C. programmes. 
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Manufacturers were therefore asked to submit 
samples of high-grade loudspeakers for tests. The 
observers taking part in the subjective assessments 
were not given the results of these tests until their 
opinions had been recorded. 

The first subjective comparisons were made in a 
listening room on the B.B.C. programmes available. 
It was found that although the majority of the loud- 
speakers could be rejected as unsuitable, some ap- 
peared to be satisfactory only on certain types of 
programme. Furthermore, the order of preference 

-was found to vary with the programme material, It 
was soon realised that a decision could not be made 
unless comparison with the original programme was 
possible, and so the next series of tests was carried 
out at a studio centre. 

Here again the results were inconclusive for the 
same reason, and it was further noted that wide- 
range loudspeakers were normally disliked because 
of harsh quality. Careful listening tests conducted 

‘in the studio led to the conclusion that the acoustics 
were indifferent. The tonal quality was harsh, and 
in loud passages the weaker instruments became 
inaudible. 

To discover whether or not the anomalies were 
due to poor acoustics the whole experiment was 
transferred to a good orchestral studio, whereupon 
it was quickly found that reliable comparisons could 
be made resulting in the rejection of all but three 
of the loudspeakers under test. The three remaining 
loudspeakers were a wide-range unit of American 
origin, and two single-cone units of an early type 
(A and B) both made by the same manufacturer. It 
is interesting that this was the first occasion on 
which a wide-range loudspeaker gave pleasing 
results. 

At this juncture it was realised that the loudspeaker 
employed in the studio cubicle was type B. Lest this 
should be affecting the choice, type B was replaced 
by type A with quite surprising results. The micro- 
phone had to be moved much further from the 
orchestra and raised higher to find the best position, 
which then gave much superior results on the wide- 
range loudspeaker and caused the rejection of the 
single-cone unit type B. To complete the experiment 
the orchestra was "balanced’”’ on the wide-range 
unit and gave satisfactory results on the single-cone 
unit type A. 

The moral behind this experiment is that excellent 
acoustics are essential for such tests; furthermore 
the loudspeaker used can have profound effects on 
the result and should therefore be beyond reproach. 

Profiting by this experience a further critical test 
for loudspeakers was evolved. Since the balance or 
the microphone position depends very much on the 
loudspeaker, it was decided in future always to allow 
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the staff responsible for balancing to try new loud- 
speakers. When this is done the microphone position 
corresponding to each loudspeaker will vary and 
therefore only those loudspeakers which correspond 
to approximately the same microphone position can 
be used with safety. Any loudspeaker which makes 
the operator place the microphone in an unusual 
position, for example, very close to the orchestra, 
is suspect, because obviously corrections are being 
made for deficiencies in the loudspeaker. 


Another important test for all electro-acoustic 
equipment is to use speech from a non-reverberant 
room or from outdoors. This becomes a very 
stringent test when the speaker’s voice is known. It 
is surprising that in spite of its simplicity and value 
very few manufacturers make use of such a speech 
test from the open air. A skilled observer can pick 
out quite easily the regions in which colourations 
exist, but he will frequently find it difficult to con- 
vince other people. 

An excellent demonstration can be organised by 
placing a speaker in the non-reverberant room and 
recording his voice, replaying it into the non-rever- 
berant room on the loudspeaker under test, recording 
and replaying again and again. This operation, which 
is equivalent to dubbing in recording systems, ac- 
centuates the peculiarities and makes them very 
audible. All defects of the system are magnified by 
this process, but as the loudspeaker is the weakest 
link in the chain its faults predominate. 


The loudspeaker tests described serve to illustrate 
the difficulties of subjective testing and particularly 
the need for a reliable source of programme. This 
is not generally realised by manufacturers, who 
frequently carry out tests on broadcast programmes 
or on gramophone records. They are then entirely 
in the hands of the broadcasting organisation or the 
recording company, which for example may have 
used a loudspeaker with peculiar properties in ar- 
riving at the balance. It is not an exaggeration to say 
that if such a loudspeaker is employed it is only 
possible to get correct results by employing a similar 
loudspeaker for listening. 

Similar methods are adopted in the subjective 
testing of microphones. Here again the best method 
is to use speech and also to use the microphone on 
an orchestral concert in a good studio. It is some- 
times more convenient to make comparisons at re- 
hearsals. In this connection a word of caution is 
necessary, for orchestras frequently do not play well 
at rehearsals and some of the faults, for example poor 
intonation between instruments in the same section, 
can cause a roughness which may sometimes be 
mistaken for non-linear distortion. 
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Recording systems can also be tested by comparing 
the original material with the recorded and repro- 
duced result. In this case dubbing is a very potent 
method of showing up deficiencies in the recording 
system. It is usual to find that after four dubbings 
the faults in even the best recording system have 
become noticeable. 


Thanks are due to the Chief Engineer of the 
B.B.C. for permission to publish this paper. 


Discussion 


Kets, D.: Is it not a difficulty that by reiterating in a non- 
reverberant room allowance has to be made for the direc- 
tional characteristics of the loudspeaker, which are smoothed 
out in the normal listening room? 

LEcTURER: There is no great difficulty. The colourations can 
be observed on the axis of the loudspeaker and the tests are 
made with the microphone in this position. It should also 
be remembered that, if very reverberant conditions are 
employed, the loudspeaker colourations may be completely 
obscured. 

Smit, H. J. A.: Was there any correlation between the pre- 
ference in subjective tests and the measured curves of loud- 
speakers ? 

LeEcTuRER: The correlation was good. 

RODRIGUES DE MirANDA, J.: At Philips a “living room” is 


ACUSTICA 
Vol. 4 (1954) 


always used for listening tests, the room being equipped — 
with switch-over arrangements for chassis and speakers. 
The matter becomes extremely difficult when tests on 
combined A. M. and F. M. sets are wanted. 

LecTURER: It is agreed that there is difficulty. The B.B.C. 
is anxious, however, that its programmes should be good © 
enough to be listened to with wide-range loudspeakers. 

Know tes, H.: Where there are competing broadcasting facili- 
ties one must examine the question of whether the station 
output should favour the overwhelming number of listeners 
who cannot-afford an expensive receiver at least for the 
programmes of general interest. For this reason in the U.S. 
some stations use more nearly an average response for 
monitoring. 

LEcTURER: The B.B.C. endeavours to give a service which 
will be satisfactory on the better class of receiver. 

Scuigsser, H. O.: Concerning loudspeaker tests good results 
were obtained with a method of comparing the sound 
produced by a natural source of white noise (air pistol 
under pressure) with the same sound reproduced by the 
loudspeaker under test. The loudspeaker under test gets 
its signal from a dead room, where a second equal source 
of white noise and microphone are located. The first source 
and loudspeaker are working in the testing room close 
together. Both sound sources can be compared from time 
to time. 

LECTURER: White noise is frequently used in making tests 
on loudspeakers, and has proved to be an excellent way of 
judging colourations subjectively. 


APPLICATION OF THE RECIPROCITY THEOREM TO 


MAGNETIC REPRODUCING HEADS 
by W. K. WEsTMIJZE 


Philips Research Laboratories, Eindhoven, Netherlands 


Summary. It is shown that the output of a magnetic reproducing head can be calculated if the 
field distribution in front of the head is known for the case when the latter is energized. Application 
of this method enables us to predict the response curve of a wide-gap head and to explain the existing 
difference between wide-gap and narrow-gap measurements. 


Sommaire. On montre comment on peut calculer le flux magnétique dans la bobine d’une téte 
reproductrice connaissant la distribution du champ devant la fente de cette téte excitée. Cette méthode 
permet de déterminer la réponse en fréquence d’une téte a fente large et d’expliquer les différences 
existant entre les résultats trouvés avec une fente large et une fente étroite. 


Zusammenfassung. Es wird gezeigt, wie der magnetische Flu8 in der Spule eines Wiedergabe- 
kopfes berechnet werden kann, wenn die Feldverteilung vor dem Spalt des erregten Kopfes gegeben 
ist. Die Anwendung dieser Methode erméglicht es, die Frequenzkennlinie eines Wiedergabekopfes 
mit breitem Spalt zu bestimmen und die zwischen Messungen bei breitem und bei schmalem Spalt 


bestehende Differenz zu deuten. 


In magnetic recording there is no way of measuring 
optically the flux recorded in the tape. There is 
in fact no method of measuring this quantity with 
sufficient accuracy other than by using a repro- 
ducing head. 

If, therefore, there is question of standardizing 
the recorded flux, as there is at present with regard 
to the international exchange of radio programmes, 
it is important to know the physical behaviour of a 
reproducing head in contact with a magnetized tape. 
For only by knowing this can the flux in the head 


become an indication of the flux recorded in the 
tape. The aim of the present contribution is to 
illustrate a new method of approach to this problem. 
This method enables to give an explanation of the 
observed discrepancy between the so-called "'wide- 
gap’”’ and the "narrow-gap” method of measuring 
the recorded flux. 

We will consider the tape from a macroscopic 
point of view and assign to each element of the tape 
a certain magnetization M (A/m). For reasons of 
simplicity, we will assume that the magnetization is 
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longitudinal’ For a sinusoidally magnetized tape we 
may accordingly write M, = M, cos (27x/A), where 
x is the coordinate along the direction of movement 
of the tape. Dividing the tape in small slices of length 
‘dx, the magnetic moment of each slice is MA dx, 
where A is the surface of the cross-section. 

In its exterior action, each slice is equivalent with 
acurrent around its contour of strength dJ = Mdx. 
In order to calculate the flux in a reproducing head 
we may accordingly replace the tape by a series of 
currents in closed circuits around the tape. 

Now we can apply the reciprocity theorem. This 
may be formulated as follows: if a current J in a 
coil 1 produces a flux ® through a coil 2, then an 
equal current J in coil 2 will produce an equal flux 
@ in coil 1, This is equivalent in fact to the statement 
that the coefficient of mutual induction is the same. 

All that we need know, therefore, is the flux 
through the imaginary coils round the tape caused 
by a current in the reproducing coil. This flux distri- 
bution may be obtained either by measurement or by 
calculation. The sum of the flux contributions of each 
of these imaginary coils, energized with a current 
through the head conformable to the magnetization 
of the tape, gives the desired flux in the reproducing 
head. We shall express this in mathematical form. 

Let the magnetic potential in front of the head, 
caused by a current of unit strength through the coil 
of the reproducing head, be given by V (x, y). The 
field strength along the x-direction is H, = — 0V/dx, 
and the flux in a cross-section of the tape of width b 
and height dy: 


d® = — sf b dy (uy = 4- 10-7? Vs/Am). 


A current M, cos (27x/A) dx round this cross-sec- 
tion gives accordingly a flux contribution in the 
reproducing coil equal to 

7) 
dd = — jigMy cos 2% - SY 
and the total flux is obtained by integration over the 
length and the thickness of the tape. If the thick- 
ness d of the tape is so small that dV /x is constant 
over this interval, then the total flux is 


b dxdy, 


where ®, stands for 44) Mybd, the amplitude of the 
recorded flux variation in the tape. The function 
OV /ex differs only measurably from zero in the neigh- 
bourhood of the gap, say at x = xX. Obviously @ is 
a function of x, and, dV//éx being an even function 
of x for reasons of symmetry, @ attains its maxi- 
mum value for gap positions x) = 0, 4, 24, *-. This 
maximum value is the amplitude of the reproduced 
flux variation. 
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For some special potential distributions the cal- 
culation of this integral is very simple. 

1. Let the tape be in close contact with a repro- 
ducing head having an infinitely short gap at x = Xp. 
At the gap the potential along the surface of the 
head makes a jump 1 (Fig. la), and therefore 
OV [ox = 8 (x —X). The flux in the reproducing coil 
is D = D, cos (27xy/A) which represents the well- 
known fact that, if the gap is short compared with 
the wavelength, the head reproduces the flux in 
front of the gap. 

2. Another simple case is that «in which the 
potential rises linearly over a length J (Fig. 1b). 


Potential- distribution Gap- function 


S(ml/r) 


jl 
Fig. 1. 


This gives dV /0x = 1/l over the interval x)» — 1/2 < 
<x < x) + 1/2, and 0V/dx = 0 outside this inter- 
val. The flux is found to be 
2% X sina 1/A 

A ae 


This is the well-known gap-loss formula, deduced 
for the first time by Ltsecx [1], and used for the 
evaluation of the wide-gap measurements, It will be 
clear, however, that the potential distribution in 
front of a gap is not as sketched above and that this 
formula will only give a rather rough approximation. 
The exact distribution of the potential in front 
of a wide gap (Fig. 1c) can be found with a CHRISTOF- 
FEL-SCHWARz transformation. This has been worked 
out in more detail in a recent publication [2], and 
it leads to a rather complicated gap-loss function, 
represented by 
x/2 
S(l/a) =~ [ tanxsin 
uw 
6 
1 


@ = D, cos 


= ( 5) 
F] tanx —x-+ 5) 


~ 


dx + 


i eerler x 
+ x sin 5] | [— x2 &*P 
0 


dx. 


toh Wek ee 
7 (x+ 3 Ings) 


This formula holds for a tape running in close 
contact with the reproducing head. The mathe- 
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matical analysis shows that, for a (thin) tape running 
with a spacing a between tape and head, this for- 
mula has to be multiplied by exp (— 2za/A). 
The open voltage over the coil of a reproducing 
head in contact with a thin tape is given by 


E=22 7S (alld) ® 


where v is the tape velocity. The function (a //A) - 
S (a 1/A) is given in Fig. 2. This figure shows that 
the maxima of this function rise with respect to the 
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function sin (al/A), with a factor (1/A)'/3, or 2dB per 
octave, while the zeros occur at somewhat different 
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values. The first zero occurs at 1/2 = 0.88. This is 
in excellent agreement with experiments, especially 
recent measurements of ‘DANIEL and Axon [3] who 
found experimentally //A = 0.87. 

Although the reciprocity theorem gives a simple 
method of evaluating the flux in the reproducing 
head, the flux can of course also be calculated by 
other methods. A recent publication of ——- 
BAUER [4] gives a solution where, in an approximation 
for small wavelengths the 2 dB/oct. is also obtained. 

A few words should be said here about the validity 
of the gap-function deduced above. In the derivation 
it was tacitly assumed that the permeability was 
unity. If this is not so the distribution of the mag-_ 
netization is no longer sinusoidal if the tape is in 
contact with the head, the demagnetization ee 
stronger in front of the gap than in front of the iron 
of the head. Measurements with different tapes 
show, however, that the influence of the permeability — 
is less than 0.5 dB. 
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SECTION II 


ELEKTROAKUSTISCHE UBERTRAGUNGSANLAGEN 
(PUBLIC ADDRESS SYSTEMS) 


HAUPTBERICHT 


von ERWIN MEYER 
III. Physikalisches Institut der Universitat Gottingen 


1, Einleitung 


Die elektroakustischen Ubertragungsanlagen ha- 
ben in vieler Hinsicht das Leben unserer Zeit be- 
einfluBt. Vortrage in groBen Raumen, Massenver- 
sammlungen in Hallen und unter freiem Himmel, 
Sportveranstaltungen und dgl. sind erst durch den 
Einsatz von elektroakustischen Anlagen méglich ge- 
worden. Die eben aufgezahlten Beispiele zeigen, daB 
es im wesentlichen die menschliche Sprache ist, die 
der Verstérkung bedarf, um auf gréRere Entfer- 
nungen klar und miihelos verstanden zu werden. 
Demgegeniiber tritt die Anwendung elektroakusti- 
scher Anlagen auf musikalischem Gebiet (vom 
Rundfunk und Tonfilm darf im vorliegenden Zu- 
sammenhang abgesehen werden) erheblich zuriick. 
Aber es ist gerade ein gewisses Kennzeichen der 
Entwicklung der letzten Zeit, daB auch hier die 
Elektroakustik durch die laufende Verbesserung der 
Qualitat ihrer Anlagen und durch die Ausnutzung 
psychoakustischer Effekte im Begriff ist, einen Vor- 
stoB in das bisher ihr aus kiinstlerischen Griinden 
verschlossene Gebiet der unmittelbaren Verstarkurig 
von musikalischen Auffiihrungen zu machen. 

Das Gebiet der elektroakustischen Ubertragungs- 
anlagen ist auBerordentlich umfangreich. Wir wer- 

den zunachst allgemeine Gesichtspunkte wie Ver- 
zerrungen und Richtwirkung besprechen und dann 
auf die drei wesentlichen Organe: Mikrophon, Ver- 
starker und Lautsprecher eingehen. In einem ab- 
schlieBenden Teil werden wieder allgemeine Fragen, 
besonders die Aufstellung der Lautsprecher und der 
Einflu8 der Raumakustik, herausgestellt, 


2. Verzerrungen 


Die akustischen Qualitatsanspriiche an Mikro- 
phone, Verstarker und Lautsprecher sind die glei- 
chen wie auf den anderen Gebieten der Elektro- 
akustik und hinreichend bekannt, so daB eine Auf- 
zahlung gentigt. An erster Stelle steht die Forderung 
nach einer geniigenden Frequenzbandbreite. Ge- 
wiinscht wird immer wieder der gesamte Frequenz- 
umfang des normalen Gehérs. Praktisch wird der 
Frequenzbereich jedoch durch den technischen Auf- 
wand bestimmt, obwohl kein Zweifel daran besteht, 
daB ein groBer Frequenzbereich mit Riicksicht auf 
die Musik unter sonst guten Ubertragungsbedin- 
gungen die besten Ergebnisse liefert. Kommt es nur 
auf die Verstandlichkeit von Sprache an, so kann 
man natiirlich davon abgehen, und es ist mehr eine 
Frage des Geschmacks, wie weit man den Frequenz- 
bereich einengen will. In halligen Raumen, beispiels- 
weise in Kirchen, macht man sehr oft davon Ge- 
brauch, die tiefen Frequenzen mehr oder weniger 
abzuschwachen, da sie fiir die Verstandlichkeit un- 
erheblich sind, dagegen durch ihre meist groBe 
Nachhallzeit den allgemeinen Gerauschpegel er- 
hdhen. Mit der Beschrankung der hohen Frequenzen 
muB man dagegen vorsichtiger sein. Man kann 
sie zwar, wie die Telephonie beweist, entbehren, 
aber ein leichtes und miiheloses Verstehen kompli- 
zierten Textes erfordert die Ubertragung bis etwa 
8000 Hz. Erwahnt sei auch, daB die Frage, wel- 
che obere Grenzfrequenz bei Lautsprecheranlagen 
mit Laufzeitverzégerung giinstig ist, noch nicht 
geniigend geklart wurde; es findet sich der Hin- 


54 SECTION II: PUBLIC ADDRESS SYSTEMS, MEYER 


weis, daB der Frequenzbereich bis 4000 Hz ge- 
niigt [1]. 

Hinsichtlich eines groBen Frequenzumfanges 
macht das Mikrophon gar keine Schwierigkeiten. 
Mikrophone verschiedener Typen stehen zur Ver- 
fiigung, deren Frequenzkurven bei geniigender Emp- 
findlichkeit allen Anspriichen entsprechen. Das 
gleiche gilt fiir den Bauteil Verstarker, dessen Kon- 
struktion wegen des Fehlens elektromechanischer 
Glieder noch einfacher zu beherrschen ist. Das 
schwachste Glied in der Ubertragungskette ist der 
Lautsprecher. Uberblickt man die zahlreichen Ent- 
wicklungen der beiden letzten Jahrzehnte auf diesem 
Gebiet, so folgt daraus, daB es nach dem derzei- 
tigen Stand der Kenntnisse unméglich ist, den ge- 
samten Frequenzbereich durch ein einziges Laut- 
sprecher-System wiederzugeben. Eine Kombination 
von Systemen, auch wenn sie rein 4uBerlich zu einer 
Einheit verschmolzen sind, ist immer erforderlich. 

Mit dem Problem der Frequenzkurve ist aufs 
engste die Frage der Phasenkurve oder auch anders 
ausgedriickt, die Frage der Einschwingzeiten gekop- 
pelt. Man wei8, daB in der Sprache, in den Kon- 
sonanten oder Ubergangslauten von Konsonanten 
zu Vokalen, ganz kurze Wellengruppen in der 
GréBenordnung von 1 ms Dauer vorkommen. Dem 
diirfen die elektrischen oder elektromechanischen 
Teile einer Ubertragungsanlage nichts hinzufiigen. 
Einfach liegen die Dinge wieder beim Verstarker 
und beim Mikrophon, schwierig dagegen beim Laut- 
sprecher. Die haufig zu beobachtende ,,topfige”’ oder 
sonst irgendwie unnatiirlich klingende Sprachwie- 
dergabe geht zum iiberwiegenden Teil auf die Ein- 
schwingvorgange des Lautsprechers zuriick. Die 
Forderung nach Freiheit von Einschwingvorgangen 
ist aber im Gegensatz zu friiher vielfach geauBerten 
Ansichten identisch mit einer geraden Frequenz- 
kurve in dem betreffenden Frequenzbereich. 

K. W. WAGNER und auch J. Perers [2] haben 
gezeigt, daB Phasenlaufzeit und Frequenzkurve des 
Betrages unmittelbar miteinander verkniipft sind, 
wobei im wesentlichen die Phasenlaufzeit durch die 
Steigung der Frequenzkurve (aufgetragen iiber dem 
Logarithmus der Frequenz) gegeben ist. 

In diesen Zusammenhang darf an Altere Versuche 
von W. Burk, P. Korowsxr und H. Licute [3] er- 
innert werden, die fiir zwei rechteckig geschaltete 
Sinusschwingungen die eben wahrnehmbare Lauf- 
zeitdifferenz festgestellt haben; die Differenz ist im 
Frequenzbereich 200---4000 Hz besonders klein 
(kleiner als 10 ms). 

KUPFMULLER [4] hat gezeigt, daB des Einschwing- 
vorganges wegen eine Frequenzkurve an den Eck- 
frequenzen nicht steil abfallen darf, sondern einen 
cos-artigen Verlauf haben muB. Der giinstigste Fre- 
quenzverlauf in der Nahe der oberen (f,) und der 
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unteren Grenzfrequenz (f,) ist durch die Funktion 


2 
20 log Tmo EH) 


bzw. 20 log i 


p. 
1 — cos ff) 
gegeben. 

Der zweite Punkt im Abschnitt ,,Verzerrungen” 
ist die nichtlineare Verzerrung. Methoden, sie zu 
messen, sind in groBer Zahl bekannt. In dem letzten 
Jahrzehnt hat sich dabei das schon sehr friih, meines 
Wissens zum ersten Mal von E., WaAETZMANN [5] 
beim Kohle-Mikrophon angewendete Zwei-Ton- 
Verfahren ein umfangreiches Anwendungsgebiet 
verschafft. Gemessen werden dabei in der Regel 
die durch die nichtlineare Verzerrung entstehenden 
Modulationsprodukte zweier sinusférmiger Primar- 
frequenzen, wobei man zwischen quadratischer und 
kubischer Verzerrung zu unterscheiden hat. Die 
wichtigste Frage ist, welche Verzerrungen gerade 
noch zugelassen werden kénnen; sie ist analog der 
Frage nach dem maximalen Frequenzumfang schwer 
zu beantworten. Es besteht kein Zweifel, da in 
dieser Hinsicht eine gute Wiedergabe von Sprache 
geringere Anspriiche als eine naturgetreue Wieder- 
gabe von Musik stellt. Zur Frage der nichtlinearen 
Verzerrungen sind in den letzten Jahren z.B. Unter- 
suchungen von FELDTKELLER und seinen Schiilern 
[6] angestellt worden. Er fand an Musik und hier 
speziell an Quintenintervallen, daB Klirrfaktoren von 
weniger als 1° bis 0,5°% noch bemerkbar sind. Der- 
artig geringe Werte fiir das Mikrophon zu erreichen, 
bereitet keine Schwierigkeiten; gréBere Bemiihungen 
verlangen dagegen Endverstarker und Lautsprecher. 

Der Vollstandigkeit wegen sei noch auf den drit- 
ten Punkt hinsichtlich der ,,Verzerrungen” hinge- 
wiesen, der zu Beschwerden AnlaB gibt, namlich den 
aus einer Ubertragungsanlage kommende Gerausch- 
pegel. Im wesentlichen ist dies allerdings eine Frage 
der rein elektrischen Gerite; sie betrifft die Abschir- 
mung gegen 4uBere elektromagnetische Stérfelder, 
die Beseitigung von Netzstérungen und das Klein- 
halten des Widerstands- oder Réhrenrauschens am 
elektrischen Eingang der Ubertragungskette. 


3. Richtwirkung 


Eine groBe Bedeutung hat, besonders mit Riick- 
sicht auf die raumakustischen Gegebenheiten, die 
Richtwirkung der elektroakustischen Anlage, sowohl 
was den Schallempfang als auch die Schallabstrahlung 
betrifft. Aber auch fiir gréBere Wiedergabeanlagen 
im Freien bedeutet eine Richtwirkung einen Gewinn 
an Leistung. Mit dem gerichteten Schallempfang 
und der gerichteten Schallwiedergabe hat man sich 
schon sehr friith in der Elektroakustik befaBt. Leider 
ist es grundsatzlich so, daB man eine hohe Richt- 
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wirkung ohne EinbuBe an Empfindlichkeit nur durch 
Anlagen mit groBer raumlicher Ausdehnung erreicht. 
Fiir Mikrophone kann man zwar durch wiederholte 
Anwendung des Gradient-Prinzips bei kleiner raum- 
licher Ausdehnung beliebig scharfe Richtcharakteri- 
stiken erzielen; leider wird aber auch die Empfind- 
lichkeit dabei beliebig klein. Mikrophone in Para- 
bolspiegeln oder das Linien-Mikrophon sind 4ltere 
Beispiele gerichteter Empfanger. Trichter-Laut- 
sprecher mit groBen Offnungsflichen sind oft als 
gerichtete Strahler verwendet worden. 

Zur Zeit arbeitet man fast ausschlieBlich nach 
dem Prinzip der linearen Gruppe, wie es aus der 
Wasserschalltechnik schon seit Jahrzehnten bekannt 
ist [7]. Eine lineare Gruppe von Einzelstrahlern oder 
Einzelempfangern hat die Eigenschaft, daB sie senk- 
recht zur Gruppe stark gerichtet abstrahlt oder 
empfangt. Die Richtwirkung hangt von ihrer Aus- 
| dehnung sowie dem Abstand der Einzelstrahler oder 
Einzelmikrophone voneinander.im Verhaltnis zur 
Wellenlange ab. Abb. 1 zeigt ein Beispiel fiir eine 
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Abb. 1. Richtcharakteristiken von Zeilen mit acht Systemen 


od. 
(Lange d; p= Tz sin y). 
a) alle Systeme mit gleicher Empfindlichkeit, _ 
b) Empfindlichkeit, die nach beiden Seiten der Zeile 
linear bis auf Null abnimmt. 


Gruppe von acht Systemen. Als Ordinate ist in 
logarithmischem MaB die Amplitude, bezogen auf 
das Hauptmaximum, als Abszisse der Ausdruck 
y = (xd/A) sin y bzw. fiir verschiedene Verhiltnisse 
d/A der Winkel y aufgetragen, unter dem der Schall 
aufgenommen oder abgestrahlt wird. 

Wie bei jeder Richtanlage wird der Gewinn mit 
wachsender Frequenz immer gréBer, d.h. der Richt- 
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effekt immer scharfer, und bei diskontinuierlich ver- 
teilten Einzelsystemen treten auBer dem gewiinsch- 
ten Hauptmaximum senkrecht zur Gruppe noch 
weitere Hauptmaxima mehr oder weniger schrag zur 
Gruppe auf. Beide Effekte fithren dazu, daB man 
die Richtwirkung fiir hdhere Frequenzen ab- 
schwachen mu. Bei Lautsprecherzeilen tut man 
dies z.B. dadurch, daB man fiir Frequenzen unter- 
halb von 1000 Hz eine gréBere Gruppe, fiir die- 
jenigen oberhalb 1000 Hz eine kleinere Gruppe be- 
ntitzt. Die gréBte in der Literatur bisher bekannt 
gewordene Lautsprecherzeile ist etwa 7 m lang. 

Bei Mikrophonzeilen, die z.B. aus Kondensator- 
Mikrophonen bestehen, setzt man die mittleren 
Mikrophone dichter und die a4uBeren Mikrophone 
weiter auseinander und sorgt auBerdem durch die 
elektrische Schaltung dafiir, daB mit wachsender 
Tonhche die a4uBeren Mikrophone unwirksam wer- 
den. Auf diese Weise erhalt man eine einigermaRBen 
frequenzunabhangige Richtwirkung. 

Bekannt ist auch der Kunstgriff zur Vermeidung 
der kleineren Nebenmaxima, die Empfindlichkeit der 
auBeren Systeme einer Gruppe kleiner zu machen 
als die der mittleren Systeme (Abb. 1b) [8]. 

Um Lautsprecher nur in einen Halbraum ab- 
strahlen zu lassen, bringt man nach dem Vorschlag 
von SPANDGCK [9] auf der Riickseite ein Laufzeitglied 
(bestehend aus einem gedampften Resonator) an, 
und erhalt damit eine Art Kardioid-Charakteristik. 

In ahnlicher Weise kann man bei den Mikrophon- 
zeilen vorgehen und. hierfiir allseitig empfindliche 
Mikrophone, aber auch Gradient- oder Kardioid- 
Mikrophone benutzen. 

Mikrophonzeilen braucht man, wenn es sich um 
die Aufnahme von sich bewegenden Schallquellen, 
von Vortragenden in gréBeren Horsalen oder von 
Schauspielern auf Biihnen handelt. Im allgemeinen 
steht das Mikrophon bei sich nicht bewegenden Per- 
sonen nahe am Sprecher, schon dus dem Grunde, 
um fremde Schallvorgange, Stérgerausche oder dgl. 
auszuschalten. An Stelle von allseitigen Mikro- 
phonen benutzt man vielfach Gradient- oder Kar- 
dioid-Mikrophone. 

Ist der Gerauschpegel sehr hoch, was im allge- 
meinen seltener vorkommt, so wird das Mikrophon 
direkt an den Mund des Sprechers gebracht; ver- 
wendet man dabei ein Gradient-Mikrophon, so ist 
zu beachten, daB der Druckgradient bei Annaherung 
an eine Kugelschallquelle viel starker zunimmt als 
der Schalldruck selbst. Dies macht sich bei tiefen 
Frequenzen besonders bemerkbar und muB elek- 
trisch entsprechend kompensiert werden. 

Der Vollstandigkeit wegen sei in diesem Zusam- 
menhang noch das sogenannte Knopfloch-Mikro- 
phon erwahnt, das Personen, die beim Vortrag hin- 
und hergehen miissen, z.B. auf dem Rockaufschlag 
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tragen. Da bei dieser Mikrophonlage gegeniiber dem 
Mund des Sprechers die hohen Frequenzen be- 
nachteiligt werden, ist auch hier eine entsprechende 
elektrische Kompensation ndtig. 


4. Aufnahme-Mikrophon 


Im Laufe der Zeit sind samtliche aus der Physik 
her bekannten Méglichkeiten zur Umwandlung 
mechanischer Schwingungen in Wechselspannungen 
verwendet worden. Erwahnenswert sind hier Ver- 
suche von H. Hecur und F. A. FiscHeEr, die bisher 
bekannten Wandlerarten systematisch zu ordnen 
[10]. Vorzugsweise werden jedoch heutzutage das 
elektrostatische, das elektrodynamische und das 
piezo-elektrische Mikrophon benutzt. Dabei hat das 
elektrodynamische Mikrophon mannigfache Vorteile 
gegeniiber allen anderen Mikrophontypen, (z.B. kein 
Vorverstarker, geringer innerer Widerstand, robuste 
Konstruktion, weitgehende Unempfindlichkeit ge- 
gen Warme und Feuchtigkeit). Es eriibrigt sich, hier 
auf einzelne Konstruktionen einzugehen. Membran- 
Mikrophone, z.B. in der von WENTE-THURAS ange- 
gebenen Bauweise [ll], und Band-Mikrophone, 
erstmalig wohl von GERLACH [12] eingefiihrt, sind 
im Gebrauch. 

Mikrophone sind in der Regel allseitig empfind- 
lich, bzw. besitzen entsprechend ihrer GréBe nur 
fiir die hohen Frequenzen einen gewissen Richt- 
effekt. Interessant ist eine in Deutschland viel be- 
nutzte und fast ungerichtet wirkende Konstruktion 
,Wennebostel’”’, bei der das Mikrophon iiber eine 
enge Rohrleitung besprochen wird, deren verstell- 
bare Eingangséffnung sich in Mundhéhe befindet 
und deren anderes Ende in einem StativfuB das 
eigentliche Membran-Mikrophon, akustisch még- 
lichst gut angepaBt, tragt (Abb. 2) [13]. 
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Abb. 2. Rohrmikrophon vom Laboratorium Wennebostel. 
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Das Band-Mikrophon ist in dem letzten Jahr- 
zehnt von H. F. Orson [14] zu groBer Vollkommen- 
heit entwickelt worden. Es besitzt zum Teil sogar 
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eine veranderbare Richtcharakteristik (Kugel-, Ach- 
ter- oder Nieren-Charakteristik). Auch beim Band- 
Mikrophon sind Konstruktionen bekannt geworden, 
die optisch unauffallig sind [15] (Abb. 3). 


Damped Labyrinth Magnets 
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Abb. 3. Kleines Bandmikrophon nach H. F. OLson.* 
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Elektrostatische Mikrophone werden heute viel- 
fach mit einer diinnen, metallbelegten Kunststoff- 
membran hergestellt. Besonderer Wert wird dabei 
auf einen kleinen Vorverstarker gelegt, der sich un- 
mittelbar an das Mikrophon anschlieBt. Das elektro- 
statische Mikrophon besitzt gegeniiber anderen Ty- 
pen den Vorteil, daB es ohne Schwierigkeiten in sei- 
nem Frequenzbereich bis weit iiber die menschliche — 
Hérgrenze ausgedehnt werden kann. Eine besondere — 
Stellung nehmen in dieser Beziehung die Mikro- 
phone mit festem Dielektrikum nach SELL [16] ein, 
d.h. Kondensator-Mikrophone, bei denen eine me- 
tallbedampfte, sehr diinne Kunststoff-Folie unmit- 
telbar auf der riickwartigen Gegenelektrode aufliegt. 
Man erreicht je nach deren Ausbildung (glatte Ober- 
flache, sandgestrahlte Oberflache oder mit schmalen 
Rillen geringer Tiefe versehenen Oberflache), was 
allerdings im vorstehenden Zusammenhang ohne 
Bedeutung ist, eine groBe Empfindlichkeit gekoppelt 
mit einer Frequenzunabhangigkeit bis zu 100 kHz. 

Die nachfolgende Tafel stellt die Durchschnitts- 
werte der Empfindlichkeit (dB iiber 1 V/ubar *) und 


Empfind- | Raeaeeas Grenz- j 
Mikrophon | neni an Wider- <i Grenzlaut- 
| (dB tiber 4 (iiber 2 - starke 
1 V/tebar) | $49? VOR | 19-4 bar) 
Tauchspulen- | 
Mikrophone —80 dB 2000) 19 dB 
Rohr-Mikro- 
eke —86dB | 2000 
Bandchen- 
Mikrophone “de 20002 
Kondensator- 
Mikrophone 
im Hérbe- | ~249B | Leerlauf| 24dB | 20 phon 
reich } 


*) 10 bar = 1 N/m’. 
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der inneren Widerstande von einigen Mikrophon- 
typen zusammen. 

Nach kleinen Schalldrucken zu ist die Schallauf- 
nahme jedes Mikrophons durch die eigenen Stér- 
gerausche begrenzt, die z.B. durch das thermische 
Rauschen der Wirkkomponente des Eingangswider- 
standes gegeben sind. Eine wichtige GroBe zur 
Charakterisierung der Mikrophone ist daher ihr so- 
genannter Grenzschalldruck oder ihre Grenzlaut- 
starke, Das ist die Stérspannung oder lautstirke- 
maBig bewertet die Gerauschspannung im Eingangs- 
kreis dividiert durch das UbertragungsmaB des Mi- 
krophons. Es ist die fiir ein Mikrophon im eigent- 
lichen Sinne wesentliche GréBe. Man kennt Kon- 
densator-Mikrophone mit einer Ersatzlautstarke bis 
zu 20 phon, wenn sie in einer Niederfrequenzschal- 
tung benutzt werden. Kondensator-Mikrophonen in 
_ Hochfrequenzschaltungen wird eine sehr kleine Er- 
satzlautstarke nachgeriihmt. 


5. Lautsprecher 


Wenn beim Mikrophon verschiedenartige Systeme 
verwendet werden, so ist beim Lautsprecher fest- 
zustellen, daB hier uneingeschrankt das elektro- 
dynamische System herrscht. Es kommt zwar vor, 
daB man Zusatzlautsprecher in Rundfunkgeraten 
und dgl. in Form von elektrostatischen Systemen, 
z.B. nach dem schon oben erwahnten SELischen 
Prinzip verwendet. Aber in die hier zur Diskussion 
stehenden Ubertragungsanlagen wurden sie bisher 
nicht eingebaut. Auch die Schallabstrahlung durch 
,»lonisierte’’ Gasstrecken ist des 6fteren versucht 
worden. 

Es ist das RicE-KELLoGGsche System der tief abge- 
stimmten, mehr oder weniger konusférmigen Pap- 
pengu8-Membran, das ausschlieBlich im Bereich der 
tiefen und mittleren Frequenzen benutzt wird. Hier- 
bei sind in den beiden letzten Jahrzehnten viele 
wesentliche Verbesserungen angebracht worden. 
Bestimmte flache Konusformen erwiesen sich als 
giinstig, da sie bei starker Erregung keine Unterténe 
erzeugen (Nawi-Membran) (BUCHMANN [4]). Die 
stérenden Resonanzen der Sicken, d.h. der nach- 
giebigen Randteile der Membran, werden durch 
Uberziehen mit einem zih bleibenden Kunststoff 
gedampft [4]. Von japanischer Seite (T. Nimura, 
E. Matsur, K. SHrBaAyAMA und K. Krpo [17]) sind 
kiirzlich eingehende theoretische und experimen- 
telle Studien iiber die Schwingungsméglichkeiten 
des Konus gemacht worden, wobei sowohl Dehn- 
wie Biegeschwingungen beriicksichtigt sind; die 
mechanische Nachgiebigkeit am inneren Konusrand 
spielt die Hauptrolle. 

Auch Vorschlage fiir zwei ineinander geschach- 
telte Tiefton- und Hochton-Konusse oder Vor- 
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schlage fiir einen einzigen groBen, aber durch bie- 
geweiche Zwischenzonen in verschiedene Frequenz- 
bereiche aufgeteilten Konus wurden gemacht [18]. 

Interessant sind kiirzliche Veréffentlichungen von 
CoRRINGTON und Kipp [19] iiber die Schwingungs- 
formen eines Lautsprecher-Konus, die mit elek- 
trostatischer Abtastung bestimmt wurden. Auch 
hier zeigt sich, daB eine starke Resonanz der Rand- 
partien auftritt; fiir héhere Frequenzen sind er- 
hebliche Schwingungsunterteilungen des Konus 
vorhanden, 

Im Gegensatz zu den Trichter-Lautsprechern be- 
diirfen, wie bekannt, die Konus-Lautsprecher eines 
besonderen Einbaues, um den Strahlungswiderstand 
bei tiefen Frequenzen anzuheben. Auch ein ebener 
Schallschirm verandert durch die Schallbeugung an 
seinem Rande die Frequenzkurve, wie schon G. 
BucHMANN 1936 [20] gezeigt hat. Ahnliche Ver- 
suche mit sehr verschiedenartigen Umbauten des 
Konussystems wurden kiirzlich von H. F. OLson 
[21] gemacht, der gleichfalls den erheblichen Ein- 
flu8 der Umrandung nachwies. Das Verfahren, 
durch Anbau eines gedampften Resonators als Lauf- 
zeitglied auf der Riickseite des Konus die abge- 
strahlte Leistung nach vorn (Kardioid-Charakteri- 
stik) zu erhéhen, wurde bereits im Abschnitt ,,Richt- 
wirkung’”’ erwahnt. Uber die GréBe des Schall- 
schirmes geben Nrmura und WATANABA [22] an, daB 
der Durchmesser eines kreisformigen Schirmes etwa 
gleich der halben Wellenlange der noch gewiinschten 
tiefen Frequenz sein soll. 

Trichter-Lautsprecher sind zwar theoretisch ideal, 
weil eine besonders kleine und damit leichte Mem- 
bran verwendet werden kann, die unter Transfor- 
mation des akustischen Strahlungswiderstandes 
durch eine Druckkammer akustisch stark belastet 
und gedampft wird. Insbesondere ist damit, wie be- 
kannt, eine vorztigliche Abstrahlung der tiefen Tone 
erzielbar. Zwei Griinde verhindern jedoch die prak- 
tische Anwendung des Trichter-Lautsprechers in 
groBerem Umfange; einmal die unhandliche GroBe 
des Trichters, der mit abnehmender Grenzfrequenz 
immer gréBer werden muB, und zudem macht fiir 
die hohen Frequenzen die Fiithrung der Schallwellen 
im Trichter Schwierigkeiten, d.h., es bilden sich in 
ihm stehende Querwellen aus. Man verhindert deren 
Auftreten weitgehend durch eine starke Unter- 
teilung des Trichters in viele kleine Einzeltrichter. 
Begniigt man sich, wie zur Wiedergabe von Sprache, 
mit einer hSheren Grenzfrequenz, so ist der Trichter- 
Lautsprecher sehr brauchbar und wird mit einem 
Falttrichter viel angewendet; insbesondere fallt an 
ihm die klare Sprachwiedergabe auf. 

Sehr kleine Trichter-Lautsprecher werden haufig 
als Zusatzlautsprecher fiir die hohen Frequenzen 
benutzt. 
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Zahlreiche Diskussionen sind iiber die Messung 
der Frequenzkurve von Lautsprechern entstanden. 
Man kann in einem reflexionsfreien Raum den 


Schalldruck eines Lautsprechers in verschiedenen ' 


Richtungen aufnehmen und erhalt damit zu den 
Frequenzkurven die Richtdiagramme. Man kann 
auch bei der Aufnahme das Mikrophon, wie kiirzlich 
vorgeschlagen wurde, in einem gewissen Bereich, z.B. 
langs eines Kreises, hin- und herbewegen und erhalt 
dabei einen Mittelwert (J. C. Hentscu [23]). Ein 
anderes schon sehr friih angegebenes Verfahren be- 
steht darin, die gesamte abgestrahlte Intensitat des 
Lautsprechers in einem Hallraum zu messen (E. 
MEYER [24]); eine solche Messung zeigt iibrigens, 
daB bei allen Lautsprechern die gesamte abge- 
strahlte Energie nach den hohen Frequenzen zu 
erheblich abnimmt. Diese Erkenntnis hat in jiingster 
Zeit dazu gefiihrt, daB man fiir die Wiedergabe der 
Frequenzen iiber 400 Hz einen aus vielen Einzel- 
strahlern zusammengesetzten Kugelstrahler ent- 
wickelt hat (KésTERS [25]). Nach allen Seiten ab- 
strahlend ist er elektrisch so entzerrt, daB er bei 
gleicher Erregung fiir alle Frequenzen die gleiche 
Strahlungsleistung abgibt. Die Folge dieser MaB- 
nahmen ist iibrigens ein unerhért raumlicher Ein- 
druck. Es ist unméglich, auch bei ganz kurzer Ent- 
fernung, den Lautsprecher prazise zu lokalisieren. 

Was die Frequenzkurve von Lautsprechern be- 
trifft, so kann man nattirlich durch eine Kombina- 
tion mehrerer Lautsprechersysteme und durch ent- 
sprechende elektrische Entzerrungen jede gewiinsch- 
te Kurve herstellen. 

Die nichtlineare Verzerrung ist durch Verwendung 
eines elektrodynamischen Antriebssystems geeigneter 
Konstruktion relativ gering. Man findet in der 
Literatur z.B. Angaben, daB die zweite Harmonische 
bei 10 Watt Leistung etwa 2% und die dritte 
Harmonische 1%, betragt. 

Erwahnenswert ist noch die Verzerrung durch 
den Dopplereffekt. Fiihrt ein Lautsprecher bei 
tiefen Frequenzen sehr groBe Amplituden aus und 
strahlt dabei gleichzeitig hohe Frequenzen ab, so 
zeigen diese wegen der Bewegung der Schallqueile 
eine Phasenmodulation, die zu Verzerrungen AnlaB 
gibt. Man vermindert diesen Effekt dadurch, daB 
man die Wiedergabe der hohen und der tiefen Fre- 
quenzen verschiedenen Systemen zuweist, was man 
auch aus anderen Griinden, wie oben erwahnt, 
anstrebt. 

Ein besonders einfaches Verfahren, Einschwing- 

vorgange von Lautsprechern zu messen, besteht 
 darin, sie mit einer rechteckférmigen Stromkurve 
zu erregen. 

Eine genauere, schon vor langer Zeit angewandte 
Methode (HELMBOLD [26]) Einschwingvorginge in 
Abhangigkeit von der Frequenz zu messen, benutzt 
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die Ein- und Ausschaltung von Sinusspannungen. Je 
nachdem, ob die Schaltfrequenz mit einem Maxi- 
mum oder einem Minimum oder einer zwischen- 
liegenden Stelle in der Frequenzkurve zusammen- 
fallt, steigt der gemessene Schalldruck langsam an, 
oder er steigt sehr schnell an und iiberschreitet den 
stationaren Wert, um dann auf diesen abzufallen, 
oder er behalt annahernd die Form der Einschalt- 
kurve. Bezeichnet man in den drei genannten Fallen 
die Einschwingzeit als positiv, negativ oder Null, so 
findet man Kurven wie in Abb. 4, die auch die 
Amplitudenkurven wiedergibt. 


Schalldruck 
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Abb. 4. Amplitudenkurve und Einschwingzeitkurve eines 
elektrodynamischen Lautsprechers nach HELMBOLD. 


Eine neuere Methode ist von Ewaskio und Ma- 
WARDI [27] angegeben worden. Die zeitliche Ver- 
zogerung der Hiillkurve oder Phasenverschiebung 
einer amplitudenmodulierten Sinusschwingung (Mo- 
dulationsfrequenz sehr tief) wird in Abhangigkeit 
von der Tragerfrequenz gemessen. Beispiele hierfiir 
zusammen mit den Amplitudenkurven geben Abb. 
5a und 5b. Auch diese Abbildungen betreffen, wie 


16ms 


——= Schalidruck 


Abb. 5. Amplituden- und Laufzeitkurven von zwei elektro- 


dynamischen Lautsprechern nach Ewaskio und 
MaAwarpl. 
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Abb. 4, elektrodynamische Konus-Lautsprecher; die 
konstanten Werte der Laufzeit in Abb. 5 sind durch 
den Schallweg Lautsprecher—MeBmikrophon ge- 
geben. Bei jeder Anderung der Amplitudenkurve 
erfolgt die entsprechende Schwankung der Phasen- 
kurve. 

Erwahnt sei noch das Iterationsverfahren, das 
kiirzlich MEYER-EpPLER [28] angegeben hat. Es 
»potenziert” die Verzerrungen einer Ubertragungs- 
anlage durch wiederholte Aufnahme und wieder- 
holte Wiedergabe; allerdings ist bei diesem Ver- 
fahren erforderlich, daB das Aufzeichnungsverfahren 
selbst gréRenordnungsmaBig besser als das zu 
_ testende System ist. 


6. Verstarker 


Wenn man die augenblickliche Situation auf dem 
Gebiet der Verstarker zusammenfassen will, so kann 
man es nicht besser tun, als mit der Feststellung, 
daB die Verstarker fiir die elektroakustischen Uber- 
tragungsanlagen laufend besser in der Qualitat, 
billiger im Preis und kleiner im Aufbau werden. 
Frequenzkurven mit Schwankungen von weniger als 
1 dB im gesamten Hérbereich sind selbstverstand- 
lich. Klirrfaktoren in der GréBenordnung von 1°/,, 
sind gleichfalls durch Verwendung von Gegentakt- 
schaltungen und geeignete Transformatoren sowie 
Benutzung der Gegenkopplung erreichbar. Bei dem 
Stichwort Gegenkopplung sei erwahnt, da8 man 
versucht hat, in den Gegenkopplungskreis auch die 
mechanische Bewegung der Lautsprechermembran 
mit Hilfe einer zweiten Wicklung fiir die Antriebs- 
spule einzubeziehen. Weiterhin ist zu sagen, daB die 
Stérgerausche, die durch den Netzbetrieb kommen, 
durch entsprechende Siebmittel beliebig stark unter- 
driickt werden kénnen. Der Verstarker ist das Glied 
in der Kette der Ubertragungsmittel einer elektro- 
akustischen Anlage, das sich am einfachsten beherr- 
schen 1aBt. 


7. Elektroakustische Anlagen und der EinfluB 
der Raumakustik ') 


Auf diesem Gebiet sind in den letzten Jahren die 
gréBten Fortschritte erzielt worden. Friiher hat die 
Gefahr einer akustischen Riickkopplung zwischen 
Mikrophon und Lautsprecher in erster Linie die 
Aufstellung der Lautsprecher bestimmt. Entschied 
man sich entsprechend den 6rtlichen Gegebenheiten 
fiir eine zentrale Anlage, d.h. fiir groBe Lautsprecher 
in der Nahe der Schallquelle, so wurden sie in der 
Regel so aufgestellt, daB sie sich zwischen Schall- 
quelle und Zuhérer befanden, d.h. in jedem Fall 


1) Schalltibertragungen auf stereophoner Basis (raumbeziig- 
liche Stereophonie) sollen hier nur erwahnt werden, da sie 
praktisch in den Public Address Systems keine Rolle spielen. 
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kam beim Zuhérer der Lautsprecherschall friiher als 
der direkte Schall der Schallquelle (z.B. Sprecher) 
an, Hat ein Raum eine groBe Nachhallzeit, oder sind 
im Freien groBe Flachen mit Schall zu versorgen, so 
verwendete man Anlagen mit verteilten Lautspre- 
chern, d.h. viele kleine Lautsprecher geringer 
Leistung inmitten des Publikums, Ein gutes Beispiel 
hierfiir bildet die elektroakustische Versorgung von 
Kirchen, wobei ein Extremum St. Paul’s Cathedral 
darstellte, in der noch vor wenigen Jahren etwa 600 
Lautsprecher inmitten der Sitzreihen angebracht 
waren. Bei den verteilten Anlagen ist es selbstver- 
standlich, da8 der Schall aus dem Lautsprecher 
zuerst den ZuhGrer erreicht und damit in der Regel 
fiir das GehGr eine ganz andere Richtung festlegt, 
als sie dem optischen Eindruck entspricht. 

Von diesem System beginnt man in jtingster Zeit 
ganz abzugehen. Hierfiir sind zwei Griinde ver- 
antwortlich. Es ist dies einmal die Erkenntnis, daB 
zur Ubereinstimmung zwischen akustischem und 
optischem Richtungseindruck der direkte Schall- 
strahl Schallquelle-Zuhérer zuerst ankommen muB, 
d.h. der Lautsprecherschall darf frithestens gleich- 
zeitig, soll jedoch besser etwas spater beim Be- 
obachter eintreffen. Diese Forderung ist in mittel- 
groBen Raumen, in denen der direkte Schall auch 
beim entferntesten Zuhdrer noch gut wahrnehmbar 
ist, leicht zu erftillen: Die Lautsprecher miissen 
einen gréBeren Abstand vom Publikum haben als der 
Redner oder die sonstige Schallquelle; dabei spielt 
die Richtung, in der die Lautsprecher vom Zuhé6rer 
aus gesehen stehen, eine untergeordnete Rolle. In 
sehr groBen Raumen, in denen viele Lautsprecher 
aufgestellt werden, ist eine kiinstliche Laufzeitver- 
zogerung erforderlich, etwa durch Aufnahme und 
Wiedergabe des Schalles auf einem endlosen Ma- 
gnetophonband. Versuche dieser Art sind schon alt. 
FLANZE und GLADENBECK [29] haben erstmalig 
1936 unter Verwendung von akustischen Rohrlei- 
tungen (Rohrpost-Leitungen) im Post-Stadion Ber- 
lin damit gearbeitet. L. CREMER machte Versuche in 
der Frauenkirche in Miinchen. Am eingehendsten 
wurde der Effekt von Haas [30] in seiner Gottinger 
Doktorarbeit studiert, wobei er die Bedingungen, 
unter denen die Beibehaltung des Richtungsein- 
drucks méglich ist, quantitativ klarte. Aus diesem 
Grunde wird dieser Effekt in der englischen Litera- 
tur haufig als Haas-Effekt bezeichnet. Abb. 6 zeigt 
aus einer spateren Arbeit (IMMEYER-SCHODDER [31]), 
in der die Messungen unter etwas variierten Be- 
dingungen durchgefiihrt sind, um wieviel dB bei 
den verschiedenen Laufzeitdifferenzen der durch 
den Lautsprecher hervorgerufene Schallpegel am 
Ort des ZuhGrers gréBer sein darf als der Pegel des 
zuerst ankommenden Schalles, im allgemeinen also 
des direkten Schalles, ohne da8 man den urspriing- 
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lichen Richtungseindruck verliert. Dabei ist es sogar 
méglich, daB der Lautsprecherschall aus ganz ande- 
ren Richtungen als der direkte Schall kommt. Im 
Bereich von 5--- 25 ms darf die Erhéhung bis zu 
10 dB betragen. Dieser Effekt ist so frappierend, 


| ] 
| | 


40 ms 


—— Laufzeitdifferenz 


Abb. 6. Verhaltnis der Lautsprecherintensitat zur Intensitat 
des Primarschalles bei subjektiver Lautstarkegleich- 
heit bzw. bei Mitteneindruck in Abhangigkeit von 
der Laufzeitdifferenz. 


wenn man ihn zum ersten Mal hért, daB es erstaun- 
lich ist, daB man ihn nicht schon sehr viel friiher 
ausgenutzt hat. Auf welcher physiologisch-akusti- 
schen oder psycho-akustischen Grundlage er beruht, 
ist noch nicht geklart. Ubrigens ist das Vorhanden- 
sein eines solchen Effektes beim normalen Héren in 
Raumen notwendig; ware er namlich nicht da, wiirde 
man infolge der vielen Wandreflexionen nicht mehr 
die Schallquelle lokalisieren kénnen; (das gleiche 
trifft natiirlich auch fiir das Héren im Freien zu, da 
ja in der Regel stets irgendwelche reflektierenden 
Gegenstande vorhanden sind). 

Die zweite Ursache, auf die die wesentliche Ver- 
besserung der Ubertragungsanlagen in den letzten 
Jahren beruht, ist die Méglichkeit, in einfacher 
Weise gerichtete Lautsprecheranlagen aufzustellen, 
namlich in Form einer Zusammenschaltung mehrerer 
Lautsprecher zu einer Lautsprecherzeile. Damit 
kann man vorzugsweise die Flachen eines Raumes 
bestrahlen, auf denen das Publikum sich befindet 
und wird dadurch von dem Raumnachhall freier, in- 
dem man den direkten Schall gegeniiber dem Nach- 
hallschall hervorhebt. Ein besonders gliicklicher 
Umstand ist dabei noch, daB man zur Erzielung der 
Laufzeitverzégerung die gerichteten Lautsprecher 
vom Publikum aus gesehen hinter den Redner setzen 
kann, ohne die Riickkopplungsgefahr zu erhdéhen. 

Lautsprecherzeilen werden auch bei groBen An- 
lagen im Freien benutzt. Man stellt sie auf sehr 
hohen Tiirmen auf und richtet sie auf die entfernter 
liegenden Teile der Zuhérerschaft. Infolge der 
Biindelung der Schallenergie hat man dann den Vor- 
teil, daB die Abnahme der Schallenergie entlang der 
Publikumsflache mit weniger als 1/r erfolgt. 
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Elektroakustische Verzégerungsanlagen mit einem 
Magnetophon-Laufzeit-System in Raumen sind 
durch die Versuche bei den Ruhr-Festspielen in 


- Recklinghausen (SCHODDER, SCHRGDER, THIELE [32]) 


und vor allem in St. Paul’s Cathedral (PARKIN [1]) 
bekannt geworden. 


Zum Schlu8 noch ein Wort iiber die Méglichkeit, 
Lautsprecheranlagen auch fiir kiinstlerische Zwecke 
einzusetzen. Die laufzeitrichtige Anlage bewirkt 
eine erhebliche Schallverstarkung, ohne die Auf- 
merksamkeit des Zuh6rers von der Schallquelle ab- 
zuziehen. Wie die eben erwahnten Versuche in 
Recklinghausen gezeigt haben, hért der durch- 
schnittliche Zuhérer nicht mehr bewuBt, ob bei 
seinem Hoéreindruck eine Lautsprecheranlage mit- 
wirkt oder nicht. Dies erdffnet ganz neue Perspek- 
tiven fiir die elektroakustischen Anlagen auf kiinst- 
lerischem Gebiet. Aus Ersparnisgriinden werden 
heute vielfach Mehr-Zwecke-Theater gebaut, d.h. 
Theater, die man sowohl fiir Schauspiele, als auch 
fiir Opern und sogar fiir Konzerte benutzt. Raum- 
akustisch ist es ganz unmdglich, einen Raum aku- 
stisch optimal fiir alle drei Kunstgattungen einzu- 
richten. Man kann dann z.B. so vorgehen, da8 man 
den Raum mit einer relativ kurzen Nachhallzeit 
versieht, die fiir Schauspiel und Kammermusik aus- 
reichend ist, daB man aber fiir groBe Konzert- und 
Opernauffiihrungen laufzeitrichtige, méglichst noch 
iiber einen Echoraum gehende Anlagen oder sonstige 
Anordnungen zur Erzeugung kiinstlichen Nachhalls 
einsetzt. Derartige Versuche wurden kiirzlich mit 
gutem Erfolg in dem Provisorium der Hamburger 
Staatsoper durchgefiihrt. Aber auch die entgegen- 
gesetzte Planung ist denkbar, namlich das Theater 
fiir rein musikalische Zwecke herzurichten, also eine 
verhaltnismaBig groBe Nachhallzeit zuzulassen und 
fiir das Schauspiel bzw. fiir Vortrage Lautsprecher- 
anlagen zur Erhéhung der Sprachverstandlichkeit 
einzusetzen. Man wird gerade in den nachsten Jahren 
auf diesem Gebiet interessante Entwicklungen er- 
warten diirfen. 
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EXPERIENCES WITH ELECTROACOUSTIC EQUIPMENT 


USED AT THE OLYMPIC GAMES IN HELSINKI 1952 
by P. Arni 


Finnish Broadcasting Company, Helsinki 


Summary. A public address system with loudspeaker arrays as well as a system with loudspeakers 
spread over a distance, keeping the mutual distance between adjacent units within 17 m, were used. 
A composite mixture of evenly spoken speech was used for testing the uniformity of sound distri- 
bution. Research on echo-effects was carried out using short pulses recorded in the field on level 
recorders. Both systems mentioned above give uniform distribution and good reproduction, at least 
out of doors. 


Sommaire. On a utilisé un systeme de ’’public address’ comportant des colonnes de haut-par- 
leurs, ainsi qu’un systéme avec haut-parleurs disséminés sur une certaine distance, en maintenant 
un écartement mutuel d’au plus 17 m entre les unités adjacentes, On a contrdlé l’uniformité de distri- 
bution du son au moyen d’un mélange composite de phrases prononcées d’une facon égale. On a 
recherché les effets d’écho au moyen de bréves impulsions recues sur le terrain par des enregistreurs 
de niveau sonore. Les deux systémes ci-dessus produisent une distribution uniforme et donnent une 
bonne reproduction, du moins a |’extérieur. 


Zusammenfassung. Es wurden sowohl Lautsprecherzeilen als auch Systeme mit verteilten Laut- 
sprechern verwendet, wobei der gegenseitige Abstand kleiner als 17 m gehalten wurde. Ein zu- 
sammengesetztes Gemisch aus gleichmaBig gesprochener Sprache wurde zur Prtifung der gleich- 
maBigen Schallverteilung benutzt. Eine Untersuchung auf Echoeffekte wurde mit Hilfe kurzer 
Impulse, die dann mit Pegelschreibern registriert wurden, durchgeftihrt. Beide oben erwdhnten 
Lautsprecheranordnungen lieferten, zumindest im Freien, eine gleichmaBige Schallverteilung und 


eine gute Wiedergabe. 


This paper discusses some properties of the sound 
fields produced by the loudspeaker system used at 
the Olympic Games in Helsinki 1952. 

As a suitable means for testing the uniformity of 
distribution of sound over an area to be covered, a 
tape recording was made consisting of a composite 
mixture of an evenly spoken speech recorded on 12 
tape recorders and all these re-recorded simulta- 
neously with a time difference of a few seconds. The 
final recording, appropriately called the ’"Mono- 
tone”’, possessed the spectrum of normal speech at a 
practically unvarying level. 


To enable research on echo-effects and sound 
impulses with too long time differences from differ- 
ent loudspeakers, recorded sound impulses were sent 
through loudspeakers and registered with level recor- 
ders in different places of the area to be covered and 
thereby making it possible to verify the time differ- 
ences of the arriving sound impulses and their levels. 

Both uninterrupted speech and separately spoken 
words were of course used for the audibility tests. 

Systems with the sound-reproducing units con- 
centrated practically at one point using directed 
beams of sound (loudspeaker arrays), as well as 
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systems with a great number of loudspeakers spread 
over a distance, thereby strictly adhering to the 
principle of keeping the mutual distance between 


adjacent units within 17 meters, corresponding to a © 


time difference of 50 milliseconds, were used during 
the Olympic Games. The considerable experience 
obtained during the Olympic Games indicates that 
excellent results can be reached with both systems, 
So it may be of interest to discuss examples of both 
loudspeaker systems. 


4 


y= — Loudspeakers 
0 


Fig. 1. Directions of the loudspeakers and the distribution 
of sound (phons) at the Olympic Swimming Pool. 


A typical system with the sound source practically 
at one point only was used at the Swimming Pool 
(Fig. 1). Two loudspeaker arrays, consisting of six 
6 W-loudspeakers each, were set at a distance of 17 
meters from each other. Horizontally the sound 
distribution of the two.loudspeaker arrays had an 
8-characteristic with the front lobe considerably 
stronger. The loudspeaker array was 1.8 meters high 
and the lowest loudspeaker was 3 meters from the 
ground. Thus the sound was not too loud at ear 
level, even in front of the loudspeaker. The seats on 
the stand, close to the loudspeakers and in the same 
plane, were in an area of zero-radiation of the 8- 
characteristic. During the preliminary tests echo 
effects were observed from the restaurant building 
behind the loudspeakers. They were eliminated by 
raising the loudspeaker arrays about 1.5 meters, 
thereby directing the reflection to the ground, closer 
to the building, and then upwards, avoiding distur- 
bances in the planned audibility area. A very disturb- 
ing echo from the score board tower and the op- 
posite stand was prevented, partly by making some 
partitions penetrable to sound and partly by building 
them slanting and using perforated letters (Fig. 2). 

Fig. 1 shows the sound levels in phons measured 
in the above-mentioned way at ear level. No echo 
effects of any importance have been noticed during 
the tests or by observations made during the 
Olympic Games or afterwards. It is improbable 
that such an even sound distribution combined with 


ACUSTICA 
Vol. 4 (1954) 


- Slanting 
back wall 
Perforated letters 


Fig. 2. Score board of the Swimming Pool, showing the 
perforated letters and the slanting back wall. 


good musical quality could have been obtained by 
using loudspeaker horns. 

A typical system with a large number of loud- 
speakers was used at the Equestrian Stadium (Figs. 
3 and 4). Strictly adhering to the principle of 


Fig. 3. Directions of the field loudspeakers and the distri- 
bution of sound (phons) at the Olympic Equestrian 
Stadium. } 


keeping the distance between adjacent loudspeakers 
within 17 m corresponding to a time difference of 
50 ms, it was to be expected that the sound impulses 
from different loudspeakers would not be distin- 


_ Adjacent stand loudspeaker 


024 6 8m 
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Grand stand loudspeakers 


™~ Field loudspeakers 


Fig. 4. Distribution of sound (phons) in the grandstand of 
the Equestrian Stadium. 


guished from each other in a disturbing way *). The 
loudspeakers are in two groups, one for giving in- 
formation to the grandstand (8 loudspeakers of 6 W) 
and the adjacent stands (2 loudspeakers of 15 W), 
and one group for the equestrian field (4 loud- 
speakers of 15 W). The two groups could of course 


*) During the Olympic Winter Games in Oslo this system 
was used as well at the main Stadium as at the Ice-hockey 
Stadium, which both were oval. The listener had the feeling 
of being in a closed space, because the successive loudspeaker — 
impulses produced an effect giving the impression of rever- 
beration. The clearness of speech was perfect. 
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be used simultaneously. It was feared that the sound 
reflections from the opposite terrain, the hill and 
the wood would cause difficulties. Fig. 3 shows the 
distribution of sound in the area in question and 
Fig. 4 in the grandstand. Echo recordings were 
made in the worst affected parts of the whole area, 
in the grandstand. Fig. 5 shows an impulse and the 
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Fig. 5. Echo-effect in the Equestrian” Stadium. 


corresponding echo arriving 480 ms later and being 
28 dB down, as registered with a high-speed level 
recorder. Here as well the intelligibility was perfect. 

It was very difficult to obtain good audibility 
during the fencing competitions taking place on two 
courts in a tennis hall with an arched ceiling and 
with a volume of 16000 m, Fig. 6. The rever- 
beration time in this hall was about 4.4 s and the 
flutter-echos were extremely bad. The conclusion 
was made that the only way to avoid the disadvan- 
tages of too long a reverberation was a correctly 
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Fig. 6. Tennis hall used for the fencing competitions. 


beamed sound distribution. The loudspeaker arrays 
placed as in the plan gave a good intelligibility in the 
whole area. 

Loudspeakers with time-delayed feeding were not 
used during the Olympic Games, because the sys- 
tems were used for music and information with 
invisible speakers in contrast to artists performing 
for an audience. 


FORTSCHRITTE IN DER ENTWICKLUNG VON LAUTSPRECHERN 


von G., BUCHMANN 
Standard Laboratorium der C. Lorenz AG., Stuttgart 


Zusammenfassung. Untersuchungen zur Verbesserung der in Rundfunkgerdten verwendeten 
elektrodynamischen Lautsprecher fiihrten zu einer Membran mit etwa parabelformigen Mantellinien. 
Eine zusatzliche Randdampfung glattet den Verlauf der Frequenzkurven und vermindert die Unter- 
tonbildung. Der Schwingspulenstrom iibt eine Riickwirkung auf das Magnetfeld aus, die nichtlineare 
Verzerrungen verursacht. Die in der Membran auftretenden Krafte kénnen eine Amplitudenmodu- 
lation hervorrufen. 


Summary. Attemps to improve electrodynamic loudspeakers used for broadcasting lead to a 
membrane with quasi-parabolic trace. Damping applied to the edges smooths out the frequency 
responses and reduces the subharmonic content. The current in the coil reacts back on the magnetic 
field which produces non-linear distortion. The forces set up in the membrane can cause amplitude 
modulation. 


Sommaire. Les recherches faites en vue de perfectionner les haut-parleurs électrodynamiques 
employés dans les installations radio ont conduit 4 imaginer une membrane de génératrice sensiblement 
parabolique. Un amortissement supplémentaire au bord uniformise la courbe de réponse en fréquence 
et réduit la formation de vibrations sous-harmoniques. Le courant dans la bobine exerce une réaction 
sur le champ magnétique, ce qui donne lieu a des distorsions non-linéaires. Les forces prenant nais- 
sance dans la membrane peuvent produire une modulation en amplitude. 


Die Lautsprecherentwicklung hat heute einen 
Stand erreicht, bei dem weitere Verbesserungen der 
Wiedergabequalitat nur noch in kleinen Schritten 
erfolgen. Bei entsprechendem Aufwand ist ein so 


hoher Grad an Originaltreue mdglich, daB die noch 
hérbaren Unterschiede nicht mehr aus den Uber- 
tragungseigenschaften der Lautsprecher allein er- 
klart werden kénnen. 
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Die Hodhe des Aufwandes spielt aber bei Rund- 
funkempfangern eine entscheidende Rolle. Hier soll 
méglichst ein einziger Lautsprecher zu einem Her- 
stellungspreise, der nur wenig tiber dem Einkaufs- 
preis des Magneten liegt, ein Optimum an Klang- 
qualitat erreichen. Dazu kommt noch, daB die An- 
forderungen an diese Lautsprecher durch Ein- 
fiihrung des UKW-FM-Rundfunks erheblich ge- 
stiegen sind. Wahrend im Mittelwellenbereich das 
elektrisch iibertragene Band im Hiéchstfalle bis 6000 
Hz reicht, sollen im UKW-Bereich auch Frequenzen 
iiber 10000 Hz noch wiedergegeben werden. Eine 
gewisse Erleichterung der Forderungen ist dadurch 
gegeben, da man den Frequenzgang des Laut- 
sprechers, der im allgemeinen ein unlésbarer Be- 
standteil des Empfangers ist, elektrisch korrigieren 
kann. Der Umfang dieser Korrektur ist jedoch be- 
grenzt. Steile Spriinge und tiefe Einbriiche entziehen 
sich dem elektrischen Ausgleich ebenso wie nicht- 
lineare Verzerrungen. Die Rundfunklautsprecher 
sollten deshalb vor allem einen méglichst glatten 
Verlauf der Frequenzkurve aufweisen. Der Abfall 
an den Grenzen des Ubertragungsbereiches soll 
nicht zu plétzlich erfolgen, da dies stérende Ein- 
schwingvorgange verursachen wiirde [1]. Eine ge- 
wisse Betonung der tiefen Tone ist wegen der meist 
kleinen Gehause erwiinscht. 

Die Wirkungsweise des dynamischen Lautspre- 
chers ist allgemein bekannt. Wenn man den Ma- 
gneten, dessen magnetische Energie im Luftspalt in 
einem nahezu konstanten Verhaltnis zum Preise 
steht, als gegeben ansieht, so liegt auch die optimale 
Dimensionierung der Tauchspule fest. Der Fre- 
quenzgang und der Wirkungsgrad des Lautsprechers 
hangen dann nur noch von der Ausfiihrung der 
Membran ab. 

AuBer fiir Spezialzwecke ist die geschépfte Pa- 
piermembran noch uniibertroffen. Mit der Stoffzu- 
sammensetzung lassen sich Steife und innere Rei- 
bung in weiten Grenzen beeinflussen. Dagegen hat 
sich eine Abwandlung der bisher iiblichen Form als 
giinstig erwiesen. Die neue Form ist flacher, ihre 
Kriimmung ist in der Mitte sehr stark und nimmt 
zum Rande. hin ab; die Mantellinien haben etwa 
Parabelform (Abb. 1). Dies hat zur Folge, daB die 


Abb. 1. Membran eines Lautsprechers mit 215 mm Korb- 
durchmesser. 


Frequenzkurve nicht den steilen Anstieg im Bereich 
der héheren Téne zeigt, wie dies besonders ausge- 
pragt bei Lautsprechern mit geradem Konus zu 


ACUSTICA . 
Vol. 4 (1954) 


beobachten ist. Dafiir ist aber der Bereich der wirk- — 
samen Abstrahlung zu den hohen Frequenzen hin 
weiter ausgedehnt und die Richtwirkung weniger 


' ausgepragt. 


Von besonderer Bedeutung fiir die Glattung der 
Frequenzkurve ist eine ausreichende Dampfung der 
Membraneigenschwingungen, zu denen auch die 
ausgepragte Resonanz der Membraneinspannung — 
gehért (Abb. 2, Kurve 1). Verwendet man zu diesem 
Zweck Papier mit hoher innerer Reibung, so wird 
gleichzeitig die Abstrahlung der hohen Tone ver- 
schlechtert. Es ist deshalb vorteilhafter, die Mem- 
bran aus hartem dampfungsarmeren Stoff herzustel- 
len und dafiir eine zusatzliche Dampfung am Rande 
anzubringen. Dies kann z.B. durch einen Filzbelag 
geschehen. Am besten verwendet man einen An- 


2048 


0° i 
——~ Frequenz 
Abb. 2. Einflu8 einer Randdampfung aufden Frequenzgang 
des Schalldruckes. Frequenzkurven ohne (1) bzw. — 


mit Dampfung (2). 


strich, wie er in 4hnlicher Form fiir das Entdréhnen 
von Autokarosserien benutzt wird. Das Anstrich- 
mittel behalt plastisch-elastische Eigenschaften und 
soll beim Auftragen méglichst nur oberflachlich am 
Papier haften und nicht eindringen. Es verklebt 
sonst die Papierfasern untereinander und macht die 
Einspannung hart. : 

Das Resultat dieser Behandlung (Abb. 2, Kurve 2) 
ist bei richtiger, durch Versuch zu ermittelnder 
Bemessung, daB die von der Schwingspule ausge- 
henden Biegewellen am Rande stark geschwacht 
reflektiert und die Amplituden der stehenden Wellen 
wesentlich herabgesetzt werden. Auch die Sub- 
oktavschwingungen (son rauque) werden wesentlich 
vermindert. Der Wirkungsgrad des Lautsprechers 
wird durch diese Behandlung nicht merklich ver- 
schlechtert, da der Belag am Rande aufgetragen zur 
schwingenden Masse wenig beitragt. 

Mit zunehmender Frequenz wird die Wirkung — 
der Randdampfung geringer. Man kann auch die 
héheren Resonanzen noch dampfen, wenn man auch 
die Membranflache selbst bestreicht. Man mu8 dann 
aber eine Verminderung des Wirkungsgrades durch 
die Zusatzmasse in Kauf nehmen. 

Die BaBresonanz des Lautsprechers macht sich 
haufig durch stérende Einschwingvorginge bemerk- 
bar, besonders bei schwachem Magnetfeld oder 
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hohem Innenwiderstand der Spannungsquelle. Man 
verwendet heute porése Gewebezentriermembranen, 
deren geeignet abgestimmter Strémungswiderstand 
die nétige Dampfung liefert, und die auBerdem den 
Magnetspalt vor Verschmutzung schiitzen. 

Fiir die Entstehung nichtlinearer Verzerrungen im 
Lautsprecher gibt es eine ganze Reihe médglicher 
Ursachen. Bekannt sind die von der Membran- 
amplitude abhangigen Verzerrungen, hervorgerufen 

durch: 
Nichtlinearitat der Einspannungsfederung, 
Dopplereffekt, 
inhomogenes Magnetfeld, 
Amplitudenabhangigkeit des Scheinwiderstandes. 
Auf den Mechanismus aller Einfliisse kann hier 
nicht eingegangen werden. Es geniigt, ihre Aus- 
wirkungen kurz zu skizzieren. 
_ Die nichtlineare Einspannung verursacht harmo- 
nische Oberténe im Bereich der tiefsten Frequenzen. 
Mit wachsender Frequenz ist das Schwingungssy- 
stem in zunehmendem MaBe massengehemmt; der 
EinfluB8 der Einspannung verschwindet. Durch eine 
_ ausreichende Anzahl von Randrillen kann die Nicht- 
linearitat vernachlassigbar''klein gehalten werden 
(Abb. 1). Die erste Rille an der Randeinspannung 
soll ebenso wie die am Beginn des Konus erhaben 
ausgeftihrt werden. Beginnt die Wellung am Rande 
mit einer Vertiefung, so wird die Federkennlinie 
unsymmetrisch und die Membranen neigen dazu, 
sich nach einer Seite zu verlagern. Die Messung der 
Federeigenschaften der in Abb. 1 gezeigten Mem- 
bran ergibt bei einer Amplitude von 2 mm einen 
kubischen Klirrfaktor von 1,5%. Diese Amplitude 
entspricht bei 100 Hz einer abgestrahlten Schall- 
leistung von ca. 0,3 W. 

Der Dopplereffekt verursacht eine Frequenzmo- 
dulation, hervorgerufen durch Téne, welche im 
Frequenzbereich des Anstiegs des Strahlungswider- 
standes liegen. Auf ihn hat der Konstrukteur bei 
gegebenen Membranabmessungen nur insofern Ein- 
fluB, als er durch giinstige Formung des Gehauses 
den Strahlungswiderstand bei niedrigen Frequenzen 
groB zu machen versucht. 

Das inhomogene Magnetfeld verursacht harmo- 
nische Oberténe und Amplitudenmodulationen, Das 
gleiche gilt fiir den veranderlichen Scheinwider- 
stand. Diese Einfliisse kénnen nur durch Ver- 
groBerung des Magneten (tieferer Spalt) oder Ein- 
buBe an Wirkungsgrad (langere Tauchspule) ver- 
mindert werden. 

Alle eben genannten Verzerrungen sind an das 
Vorhandensein groBer Amplituden, d.h. tiefer Fre- 
quenzen gebunden. Dagegen kénnen die vom 
Schwingspulenstrom abhangigen Verzerrungen bei 
allen Frequenzen auftreten. Kaum beachtet wurden 
bisher die Riickwirkung des Schwingspulenstromes 
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auf das Magnetfeld und die Anderung der Strah- 
lungseigenschaften infolge von Zug- und Schub- 
spannungen in der Membran. 

Durch die Unsymmetrie des Magnetaufbaus ge- 
gentiber der Spule erzeugt der Schwingspulen- 
strom J eine zusatzliche Induktion, die angenahert 
} Mo wI/d ist, wenn w die Windungszahl der Spule 
und 6 die Spaltweite sind. Auf den Spulendraht von 
der Lange / wird eine Kraft ausgeiibt 

P' =} Mo Las I, 
Sie wachst quadratisch mit dem Strom und iiber- 
lagert sich der Kraft P = BIl(B = Induktion im 
Spalt). Es entsteht ein quadratischer Klirrfaktor 
k, =4P'/P=1 u.wI1/6B. Bei einem mittleren 
Lautsprecher betragt dieser Klirrfaktor etwa 1 ---2% 
bei voller Leistung. GroBe Spaltweite und hohe 
Magnetinduktion sind in diesem Falle anzustreben. 

DaB auch die von der Tauchspule auf die Mem- 
bran ausgetibten Krafte die akustischen Membran- 
eigenschaften verandern kénnen, geht aus Abb. 3 


re 


5¢8| 


6 i 8 ~— OkHz 


——> Frequenz 


Abb. 3. Frequenzgang des Schalldruckes in Abhangigkeit 
von einem durch die Tauchspule flieBenden Gleich- 
strom; 


Kurve 1: Gleichstrom 1 A, 
Kurve 2: ohne Gleichstrom, 
Kurve 3: Gleichstrom umgepolt 1 A. 


hervor. Sie zeigt einen Ausschnitt aus der Frequenz- 
kurve eines Lautsprechers mit einem durch die 
Spule flieBenden Gleichstrom als Parameter. Der 
besseren Ubersicht wegen sind die Kurven um 5 dB 
gegeneinander versetzt. Man erkennt, daB ihr Ver- 
lauf verschieden ist. Die Abweichungen betragen in 
diesem besonders ungiinstigen Fall max. 4 dB. Der 
angewendete Gleichstrom entspricht einer elek- 
trischen NF-Leistung von 2 VA. Dieses Verhalten 
der Membran verursacht eine Amplitudenmodula- 
tion. Im Gegensatz zu der amplitudenabhangigen 
Nichtlinearitat kommen bei den stromabhangigen 
Verzerrungen auch Amplitudenmodulationen mit 
hoher Modulationsfrequenz zustande. Fiir diese ist 
das Ohr, wie Untersuchungen gezeigt haben [2], 
besonders empfindlich. Sie miissen deshalb starker 
als bisher beachtet werden. 

Die Abb. 4 stellt die Frequenzkurven und den 
Klirrfaktor eines nach den besprochenen Richtlinien 
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F Frequenz 

Abb. 4. Frequenzgang von Schalldruck und Klirrfaktor eines 
6 W-Lautsprechers. Lautsprecher betrieben mit 50 
mVA bei 1000 Hz; Z; = Z,; MeBabstand 1,25 m; 
0dB20,1 N/m?. Aufnahme des Klirrfaktors bei 
6 VA elektrischer Scheinleistung. 


konstruierten 6 W-Lautsprechers dar. Die durch 
Wechselbeanspruchung der Membran hervorge- 
rufene Amplitudenmodulation betragt bei 4 W elek- 
trischer Leistung max. 5%. 
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Diskussion 


Smit, H. J. A.: Hohe Sattigung des Eisenschlusses im Ma- 
gneten miBte die Riickwirkung herabsetzen. 


ACUSTICA 


VoRTRAGENDER: Das trifft zu. Die Sattigung ist jedoch fiir 
den Magneten unwirtschaftlich. 

Hotize, W.: Kann eine plausible Erklarung dafiir gegeben 
werden, daB sich eine giinstigere Federkennlinie ergibt, 
wenn die Randrille mit einer Erhebung beginnt? 

VoRTRAGENDER: Nein. Diese Feststellung ist lediglich durch 
Messungen immer wieder bestatigt worden. 

Gayrorp, M. L.: Sind Messungen der Einschwingvorgange 
an diesen Lautsprechern vorgenommen worden? 

VORTRAGENDER: Wir haben die Einschwingvorgange nur bei 
einigen Frequenzen gepriift. Sie sind, was aus der starken 
Dampfung einleuchtet, tatsachlich kiirzer als bei tiblichen 
Lautsprechern. I 

Késters, H.: Die Schalldruckkurve ist bei der flachen Mem- 
bran besser. Ich befiirchte, da deshalb aber die Frequenz- 
kurve der Leistung schtechter ist. 

VORTRAGENDER: Die Einebnung der Schalldruckkurve erfolgt 
bei der flachen Membran zum groBen Teil durch Ver- 
ringerung der Richtwirkung, so daB die nach den Seiten 
abgestrahlte Leistung zunimmt. 

Sxuprzyk, E.: Bei Untersuchungen des EinfluBes der Mem- 
branform zeigte sich, daB die Lage der radialen Oberténe 
der Membran sehr wichtig ist. Die Grundresonanz iiber- 
nimmt die Schallabstrahlung bis etwa 1000 Hz (iibliche 
Lautsprecher). Dann aber bleibt der Strahlungswiderstand 
konstant, die Schallabstrahlung wiirde abfallen, wenn nicht 
die Membran unterteilt schwingen, d.h. die Oberténe ein- 
setzen wiirden. Die alten Nawi-Membranen sind offenbar 
zu steif, ihre Oberténe liegen zu hoch, so daB die Frequenz- 
kurve oft Locher im Bereich von 1,5---3 kHz aufweist. 
Die hier erlduterte flachere Membran stellt offenbar die 
Lésung dieses Problems dar. 

VORTRAGENDER: Die Eigenfrequenzen dieser Membran sind 
tatsichlich zu den tiefen Frequenzen hin verschoben. Sie 
wiirden ohne Randdampfung auch stark in Erscheinung 
treten. 
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LES CONDITIONS DE VERIFICATION ACOUSTIQUE 
DES HAUT-PARLEURS 


par P, Cuavasse et R. LEHMANN 
Centre National d’Etudes des Télécommunications, Paris 


Sommaire. Les mesures acoustiques 4 effectuer sur les haut-parleurs sont délicates et exigent un 
appareillage spécial et de haute qualité, ainsi qu’un laboratoire spécialisé. Souvent, les mesures sont 
faites dans des conditions trés différentes quand on passe d’un laboratoire 4 un autre et les résultats 
obtenus sont difficilement comparables. C’est dans le but de normaliser les divers essais auxquels 
doivent étre soumis les haut-parleurs qu’est présenté le travail suivant qui passe successivement en 
revue: la mesure de la caractéristique de fréquence en régime permanent; la mesure de la directivité; 
la mesure de la distorsion harmonique; la mesure de l’intermodulation; la mesure de la caractéristique 
d’impédance; la mesure du rendement; la mesure de la courbe de réponse en régime transitoire. 


Zusammenfassung. Messungen mit Lautsprechern werden oft in verschiedenen Laboratorien 
unter sehr abweichenden Bedingungen durchgefiihrt, so daB die Resultate schwer vergleichbar sind. 
Um die verschiedenen Priifungen, denen man die Lautsprecher unterwerfen muB, zu normalisieren, 
werden hier die Messungen der folgenden GréBen betrachtet: Frequenzkurve im stationaren Zustand, 
Richtcharakteristik, harmonische Verzerrungen, Kombinationsténe, Impedanzkurve, Wirkungsgrad, 
Ausgleichsvorgange. 


Summary. Measurements made on loudspeakers have to be delicate and demand high-quality 
apparatus in a special laboratory. With the object of standardising measurements in different labora- 
tories, often difficult to compare, the procedure to be adopted for the following measurements is 
laid down, viz., frequency characteristic in steady state, directivity, harmonic distortion, intermodu- 
lation, impedance characteristic, output, transient response. 


] 
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1. Généralités 


Les méthodes de mesure relatives aux haut-par- 
leurs sont difficiles et délicates A mettre en oeuvre, 
et, par défaut d’une doctrine définie, sont trés diver- 
sement exécutées dans les divers laboratoires; cette 
situation apparait un peu paradoxale quand on la 
rapproche de celle ot 1’on se trouve dans le domaine 
de la transmission radioélectrique; cela tient sans 
doute 4 la méconnaissance des facteurs acoustiques 
de la part de beaucoup de techniciens et, peut étre 
aussi, a la complexité théorique et pratique des pro- 
blémes que pose l’acoustique. Il semble méme que 
le haut-parleur, quoiqu’ayant un réle primordial 
dans la reproduction des sons et dans la qualité 
globale des transmissions radiotéléphoniques, soit 
souvent traité "comme le parent pauvre”’ de la chaine 
_ électroacoustique, qui commence au microphone du 
poste émetteur pour se terminer al’ oreille de lusager. 

Cette situation est en partie vraisemblablement due 
au fait que les vérifications qu’il doit subir deman- 
dent un matériel, des techniciens et des installations 
trés spécialisés et, d’autre part, en raison de la 
priorité accordée au relevé de la courbe de réponse 
en fonction de la fréquence, au détriment des notions 
de distorsion, d’intermodulation et de réponse en 
régime transitoire, entre autres, qui sont presque 
toujours systématiquement négligées. 

La présentation des catalogues des divers con- 
structeurs met trés nettement en évidence cet état 
de chose; de plus, une incertitude régne souvent sur 
les conditions dans lesquelles ont été effectuées les 
mesures dont les résultats sont présentés. C’est en 
vue des discussions techniques engagées pour par- 
venir a un accord international relatif, d’une part, a 
‘la nature des essais a effectuer et, d’autre part, aux 
méthodes de mesures, qu’a été préparé ce travail 
dans lequel ont été volontairement laissées de cdté 
toutes les questions concernant l’appareillage. 

A la connaissance des auteurs, avant la deuxiéme 
guerre mondiale, divers pays avaient créé des com- 
missions chargées de l’étude de ces questions, afin 
d’élaborer des normes nationales, et avec l’espoir de 
pouvoir, dans la suite discuter la mise au point d’un 
accord international. La guerre a interrompu ces 
divers travaux, du moins en Europe; nous croyons 
savoir, en effet, que seuls les Etats-Unis [1] ont 
actuellement formulé des recommandations relatives 
aux conditions de vérification acoustique des haut- 
parleurs. Cette norme américaine préconise l’exécu- 
tion des essais relatifs aux cinq points suivants: 


courbe de réponse en régime permanent, 
distorsion harmonique, 

directivité, 

rendement, 

caractéristique d’impédance. 
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Le comité acoustique allemand, avant la guerre, 
préconisait déja les 4 premiers des essais précédents, 
ainsi qu’une mesure de la charge maximum tolérable. 
Nous pensons, de notre cdété, qu’il est nécessaire de 
conserver tous les essais proposés dans la norme 
américaine, mais d’y ajouter, dans la mesure du 
possible, un relevé de la caractéristique de réponse 
en régime transitoire. En ce qui concerne la charge 
maximum, elle semble encore trés difficile 4 définir, 
car elle dépend, dans de trés grandes proportions, 
de la fréquence; aussi proposons-nous d’en rem- 
placer la spécification par celle de la puissance nomi- 
nale du haut-parleur, que devrait garantir le con- 
structeur et qui pourrait concerner la puissance 
électrique dissipée entre ses bornes d’entrée a la 
fréquence 1000 Hz, pour laquelle la distorsion har- 
monique mesurée 4 2 m dans l’axe de haut-parleur 
serait de 3%. 


2. La mesure des caractéristiques acoustiques 
des haut-parleurs 


A notre avis, toutes les caractéristiques doivent 
étre mesurées en champ acoustique libre ou, tout 
au moins, dans des conditions théoriques équivalen- 
tes, c’est-a-dire dans une salle muette. De plus, le 
mode de fixation du haut-parleur doit étre spécifié 
avec précision et, a cet effet, nous proposons: 


a) pour les haut-parleurs 4 membrane, il serait 
désirable de les fixer sur un écran (baffle) infini, qui 
serait ainsi précisé, car la forme et la dimension de 
l’écran exercent une influence trés appréciable sur la 
forme de la caractéristique de fréquence, ainsi que 
le montrent les figures 1 et 2. Comme il est souvent 
difficile d’opérer avec un écran infini, nous pensons 
qu’un écran carré de 2 m de cété, avec fixation du 
haut-parleur en son centre, donnerait généralement 


. 


Fig. 1. 


Fig, 2. 


10*H2 


2 
027 ° 1 
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Fig. 1. Caractéristiques de fréquences d’un haut-parleur 4 
membrane fixé sur des écrans carrés de dimensions 
variées: 

a) écran carré de 160 cm de cété, 
b) ” ” ” 80 15-99 ” 
c) ” ” ” 40 ae ae ” 


Caractéristiques de fréquences d’un haut-parleur a 
membrane fixé sur des écrans de formes diverses. 


Fig. 2 
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toute satisfaction, quoique certains auteurs préconi- 
sent des écrans irréguliers [2]. 

b) pour les haut-parleurs 4 chambre de compres- 
sion, il est indispensable d’exécuter les mesures ert 
les munissant des pavillons avec lesquels ils doivent 
fonctionner. 

Enfin, les positions respectives du microphone de 
mesure et du haut-parleur 4 étudier sont également 
a préciser. Nous proposerons de placer le micro- 
phone dans l’axe du haut-parleur, 4 une distance 
de 2 m de celui-ci (distance de 2 m comptée a partir 
de l’écran du haut-parleur pour les appareils 4 mem- 
branes et 4 partir du plan de base du pavillon pour 
les appareils fonctionnant avec pavillon). 


a. Caractéristique de fréquence 


Il serait désirable d’effectuer ce relevé en alimen- 
tant le haut-parleur avec une puissance électrique 
constante, ce qui n’est malheureusement pas possible 
a cause de la variation de l’impédance en fonction 
de la fréquence, lorsque l’on trace la caractéristique 
de facon continue. Pratiquement, il est recommandé 
d’exécuter ce relevé en maintenant la tension con- 
stante aux bornes du haut-parleur. Deux méthodes 
automatiques sont actuellement utilisées a cet effet: 


a) méthode basée sur l’emploi de fréquences pures 
discrétes, 

B) méthode basée sur l’emploi d’un bruit com- 
plexe. 


La premiére méthode est préférable, car elle est 
plus précise. L’enregistrement doit étre exécuté, 
pour la bande 25--- 15000 Hz, parcourue en un 
temps de 3 minutes au moins, dans les conditions 
précisées dans le paragraphe précédent. Nous pré- 
conisons d’exécuter trois relevés pour trois tensions 
différentes, l’une étant celle correspondant 4 la puis- 
sance nominale du haut-parleur, les deux autres 
étant respectivement égales a la moitié et au double 
de cette tension. Les résultats devront étre pré- 
sentés en portant les fréquences en abscisses suivant 
une échelle logarithmique et l’efficacité en ordon- 
nées, suivant une échelle linéaire. 

La deuxieme méthode, indiquée par FREYGANG 
en 1938 [3] et reprise en 1942 par OLney [4], néces- 
site l'utilisation d’un analyseur de fréquences, mais 
a, par contre, l’avantage de permettre 1|’étalonnage 
dans une salle quelconque. 


b. Caractéristiques de directivité 


Nous préconisons d’exécuter les courbes de direc- 
tivité pour les fréquences 125, 400, 1000 et 5000 Hz, 
valeurs d’ailleurs non limitatives. Nous pensons 
également que l’enregistrement continu est préfé- 
rable, ce qui signifie que l’on doit enregistrer la 
variation de la pression sonore en fonction de I’angle 
d’une maniére automatique. Il est souhaitable de 


CHAVASSE, LEHMANN 


ACUSTICA 
Vol. 4 (1954) 


présenter les résultats sous la forme d’un diagramme 
polaire. : ; 


c. Distorsion harmonique et intermodulation, 


Ces deux caractéristiques sont trés importantes — 
et ne font pas double emploi, mais se complétent — 
utilement; toutes deux doivent étre mesurées a 
l'aide d’un analyseur de fréquences, le bruit de fond 
ne devant pas étre compris dans le taux de distorsion 
harmonique. 


a) distorsion harmoniqtwe: nous pré- 
conisons d’exécuter les mesures aux fréquences 125, — 
400 et 1000 Hz, pourles haut-parleurs 4 pavillon; 
4 la fréquence de résonance de la membrane et aux 
fréquences 400 et 1000 Hz pour les haut-parleurs 
a membrane. Les terisions pour lesquelles ces me- 
sures doivent étre faites seront celles pour lesquelles 
auront été relevées les courbes de réponse. Il faut 
naturellement, lors de ces essais, veiller 4 ce que 
la tension électrique aux bornes du haut-parleur soit 
aussi pure que possible, ce qui n’est pas toujours 


x 


facile a satisfaire. 


Bf) intermodulation: les mesures d’inter- 
modulation ont dé étre faites, 4 l’origine, sur des 
microphones 4 charbon [5] et étendues aux haut- 
parleurs en 1941 [6]. La difficulté réside dans le 
choix des groupes de fréquences 4 utiliser et pour 
lesquels les avis sont encore partagés. Notre ex- — 
périence nous conduit 4 proposer les 4 groupes 
suivants: 

1) F, = fréquence de résonance de la membrane 

(ou le double de la fréquence de coupure 
de pavillon pour les haut-parleurs a 


pavillon), 
F, = 1000 Hz, | 
2) Fy eaoein eae): 
F,= 400 Hz, 
3) Fy = 100 Hy, ; 
F, = 1000 Hz, : 
4) F,= 400 Hz, | 
F, = 7000 Hz. | 


Dans les essais 1 et 2, les tensions relatives aux — 
fréquences F, et F, seront égales, tandis qu’elles 
seront dans le rapport 4 pour les essais 3 et 4. Nous 
proposons le calcul du taux d’intermodulation par 
la formule suivante: 


T(%) = 100 <x | Pat Piri t Poot Plipaiss 
Pt, + P%, ' 


d. Caractéristique d’impédance 


Lors de l’exécution de cette mesure, le haut- 
parleur doit normalement rayonner en champ libre 
et la tension doit étre celle qui a été définie pour 
la production de la puissance nominale. Un simple 
pont d’impédance peut étre utilisé pour mesurer 
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Vimpédance du haut-parleur, mais on peut avan- 
tageusement employer une méthode simple signalée 
par VENEKLASEN [7]. Lorsque l’on constate une 
variation de l’impédance en fonction de la puissance 
électrique fournie au haut-parleur, il est nécessaire 
d’exécuter la mesure pour plusieurs valeurs de la 
tension d’alimentation. 


e. Caractéristique de rendement 


Si la mesure de la puissance électrique fournie au 
haut-parleur n’offre pas de difficulté, il n’en est 
_ pas de méme de la mesure de la puissance acoustique 
totale rayonnée. Plusieurs méthodes ont été propo- 
-sées pour la mesure de cette derniére: 


a) méthode de la chambre réverbérante de MEYER 
et Just, 

f) méthode du champ acoustique libre, 

y) méthode de l’impédance motionnelle de KEn- 
NELLY et PIERCE. 


Il nous parait difficile de préconiser l’une de ces 
méthodes de préférence aux autres, car, comme le 
montre la figure 3, elles donnent des résultats trés 
comparables. 

Cependant, la deuxiéme méthode est plus rigou- 


—+Rendement 
S 
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Fig. 3. Caractéristiques de rendement d’un haut-parleur a 
pavillon, déterminées par trois méthodes différentes. 
a) méthode de l’impédance motionnelle, 
b) méthode du champ acoustique libre, 
c) méthode de la chambre réverbérante. 


reuse, quoique plus délicate, mais elle ne semble 
pas donner prise 4 critique si les mesures sont 
minutieusement conduites. Nous préconisons l’exé- 
cution des mesures pour les fréquences 125, 400, 1000 
et 5000 Hz, sous les conditions de tension déja 
définies dans les paragraphes précédents, 

Certains auteurs utilisant la troisitme méthode 
exécutent des mesures d’impédance en placant suc- 
cessivement le haut-parleur dans l’air et dans le vide; 
_dans ce dernier cas, la charge du diaphragme n’est 
pas normale et les pertes ne sont pas les mémes qu’en 
utilisation courante, de telle sorte que les calculs 
de rendement risquent d’étre entachés d’erreurs a 
la base; par contre, la mesure est trés simple. 


f. Caractéristique en régime transitoire 


C’est une mesure primordiale mais trés délicate 
a exécuter. Les avis sont partagés sur le choix des 
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ondes a utiliser: ondes carrées ou trains d’ondes 
sinusoidales ou, enfin, impulsions (dites de Drrac). 
Nous pensons que les deux derniéres méthodes cor- 
respondent avec plus de rigueur aux conditions 
d’utilisation pratique des haut-parleurs et sommes, 
en conséquence, partisans de prendre des signaux 
électriques impulsionnels [8] dont la forme est 
donnée dans la figure 4a et de mesurer le temps de 
décroissance dt du son (voir Fig. 4b); la fréquence 


Fig. 4. Les signaux utilisés en régime transitoire: 
a) forme approximative du signal impulsionnel ap- 
pliqué sur la bobine mobile du haut-parleur 10 
a 15 fois par seconde, 
b) forme du signal fourni par un microphone placé 
devant le haut-parleur. 


de répétition de ces signaux pourrait avantageuse- 
ment étre de l’ordre de 10 4 15 par seconde car les 
oscillations excitées par des ondes correspondant 
aux fréquences propres des haut-parleurs semblent 
toujours amorties au bout d’une quinzaine de 
périodes environ. 


3. Conclusions 


C’est avec le souci de donner une base précise 
aux discussions que ne peut manquer de provoquer 
l'étude des conditions normales d'utilisation des 
haut-parleurs que le présent document a été rédigé. 

Nous serions heureux qu'il contribuat 4 susciter 
des remarques, des critiques et des compléments 
constructifs. 

Nous pensons qu'il est indispensable, dans l’avenir, 
grace 4 un accord universel, de spécifier des 
méthodes précises et unifiées, afin que constructeurs 
et laboratoires exécutent des essais analogues, dont 
les résultats soient rapidement et directement com- 
parables, a l’abri de toute controverse. 
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Discussion 


SACERDOTE, G. G.: It is interesting to measure the directivity 
of nonlinear distortion: very often a loudspeaker with little 
distortion on the axis has great distortion in other directions. 
Moreover the measurement of sub-harmonics of loud- 
speakers seems important; this point is often disregarded 
in ordinary measurements of distortion. A method is 
proposed to measure the quality of loudspeakers by recording 
logatomes passing several times through the loudspeakers 
under test. Good loudspeakers can stand 8 iterations 
before the intelligibility becomes less than 50%, bad loud- 
speakers not more than 2 to 3. 

CoNFERENCIER: 1) Il est également intéressant de mesurer la 
distorsion harmonique pour divers angles. 2) Il est aussi 
important de rechercher les fréquences sous-harmoniques 
émises par le haut-parleur. 3) La mesure de la qualité par 
enregistrement de logatomes est naturellement intéressante, 
mais n’a de valeur que lorsque l’écoute est faite par plusieurs 
personnes, ce qui complique l’essai. Par contre, c’est une 
mesure qui tient compte de toutes les propriétés du haut- 
parleur. Il faut, de plus, connaitre la qualité du microphone 
et du magnétophone utilisés. 
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GAVREAU, V.: Le systéme d’enregistrements successifs sur un 
ruban magnétique fait intervenir 3 éléments: le haut- 
parleur étudié, le microphone, le ruban. Et nous avons 
pu constater hier la qualité de tels enregistrements ...— La 
mesure de netteté préconisée par M. SAcERDOTE peut-elle 
dans ces conditions donner une idée exacte de la qualité du 
haut-parleur seul? 

CoNFERENCIER: La mesure préconisé¢e par M. SACERDOTE peut 
donner des indications trés intéressantes si on a étudié, au 
préalable, la qualité du microphone et du magnétophone 
utilisés, en particulier leurs distorsions. 

Fepericl, M.: J’aimerais savoir si on peut obtenir avec la 
méthode de mesure de la puissance d’un haut-parleur par 
V'impédance motionnelle, une précision suffisante, méme 
avec des haut-parleurs a faible rendement, pour lesquels 
l’impédance motionnelle n’est qu’une faible partie de 
l’impédance totale. 

CONFERENCIER: Si la mesure de l’impédance totale est exécutée 
avec une grande précision, il est possible d’obtenir une 
précision suffisante dans la mesure du rendement d’un 
haut-parleur par la méthode de l’impédance motionnelle. 
Ainsi, sur des récepteurs téléphoniques, la méthode est 
également applicable. 

Baron, P.; M. CHAVASSE préconise de tracer la courbe de 
réponse 4 une distance de 2 m entre 25 et 15000 Hz. 
Une mesure 4 2 m a la fréquence 25 Hz signifie-t-elle 
quelque chose, et la courbe tracée 4 2 m n’est elle pas trés 
différente de celle qu’on obtient aux grandes distances ? 

CONFERENCIER: Pour les basses fréquences, il serait naturelle- 
ment préférable de tracer la courbe de réponse 4 une distance 
plus grande; il faut cependant noter qu’une caractéristique 
relevée 4 2 m du haut-parleur donne déja des renseigne- 
ments intéressants et précis. 


HORBARKEIT NICHTLINEARER VERZERRUNGEN 
BEI DER UBERTRAGUNG VON INSTRUMENTENKLANGEN 


von R, FELDTKELLER 
Institut fiir Nachrichtentechnik der Technischen Hochschule, Stuttgart 


Zusammenfassung. Obertonarme Klange sind gegen nichtlineare Verzerrungen viel empfind- 
licher als obertonreiche Klange. Die Ursachen und das Ma dieses Unterschiedes werden beschrieben. 


Summary. A timbre poor in overtones is much more sensitive to nonlinear distortion than one 
rich in overtones. The causes and the extent of this difference are discussed. 


Sommaire. 


Les timbres d’instruments pauvres en harmoniques sont beaucoup plus sensibles aux 


distorsions non-linéaires pendant leur transmission que ceux riches en harmoniques. On indique 


les raisons de cette différence et son importance. 


Bei der Priifung von hochwertigen Systemen zur 
Ubertragung von Musik beobachtet man, daB die 
obertonarmen Klange gewisser Instrumente, z.B. 
der Fléten, schwerer zu iibertragen sind als die ober- 
tonreichen Klange anderer Instrumente, z.B. der 
Violinen. Auch der aufmerksame Konzertbesucher 
hért die subjektiven Differenzténe bei den oberton- 
armen Instrumenten viel leichter als bei den ober- 
tonreichen Instrumenten. Auf diesen Unterschied 
mu8 man bei der Untersuchung der Hérbarkeit 
nichtlinearer Verzerrungen also achten. 


Es ist lange bekannt, daB die nichtlinearen Ver- 
zerrungen am starksten bei der Ubertragung von 
Zweiklangen stéren. Sie machen sich durch die ent- 
stehenden Differenzténe und Summenténe bemerk- 
bar. Diese Kombinationsténe werden hérbar, sobald 
sie die Hérschwelle iiberschreiten. Das hangt akus- 
tisch in erster Linie vom Schalldruck ab, in zweiter Li- 
nie von der Frequenz des tiefen Grundtons und vom 
Intervall, elektrisch von der Kriimmung der Kenn- 
linie des Ubertragungssystems und von der Zuord- 
nung des Schalldruck-Pegels zum Spannungs-Pegel. 
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Der Einflu8 des Ubertragungssystems auf die Hoér- 
barkeit der nichtlinearen Verzerrungen ist in der 
Regel sehr einfach. Man kann annehmen, daB die 
Starke der Kombinationsschwingungen, soweit diese 
auf quadratischen Nichtlinearitaten beruhen, pro- 
portional der Amplitude der Spannung ist; soweit 
diese auf kubischen Nichtlinearitaten beruhen, ist sie 
proportional dem Quadrat der Spannung. Man kann 
ferner annehmen, daB bei den gebrauchlichen Uber- 
tragungssystemen die Nichtlinearitat im mittleren 
Frequenzgebiet nahezu unabhangig von der Frequenz 
ist und da sie nach tiefen Frequenzen zu etwas 
ansteigt. CCIF 148t bei der gréBten iibertragenen 
Spannung zwischen 0,1 und 7,5 kHz Klirrfaktoren 
bis 0,01 zu, unterhalb 0,1 kHz Klirrfaktoren bis 0,03. 

Der Einflu8 des Gehérs auf die Hérbarkeit der 
_ nichtlinearen Verzerrungen ist viel verwickelter. Bei 
tiefen Klangen sind die Summentine, bei hohen 
Klangen sind die Differenzténe hérbar, wenn sie die 
Horschwelle iiberschritten haben. Fiir kleine Laut- 
starken gilt dabei die Hérschwelle, wie man sie mit 
einem einzelnen Ton miBt. Sie liegt bekanntlich bei 
tiefen Frequenzen bei ziemlich hohen Schalldrucken, 
bei mittleren Frequenzen bei tiefen Schalldrucken 
und steigt bei hohen Frequenzen wieder zu héheren 
Schalldrucken an. Fiir groBe Lautstarken wird die 
Horschwelle durch den iibertragenen Zweiklang in- 
folge des Verdeckungseffektes verandert: Dabei wer- 
den die hohen Summenténe starker verdeckt als die 
tiefen Differenzténe. Wir finden deshalb einen Ein- 
fluB der Verdeckung auf die Hérbarkeit der nicht- 
linearen Verzerrungen nur bei tiefen Klangen. Bei 
groBen Lautstarken Andert sich die Hérschwelle 
starker als die Amplitude des Schalldruckes. Deshalb 
nimmt tiberraschenderweise die Horbarkeit der 
Summenténe bei sehr groBen Lautstarken wieder 
ab, wenn man die Verzerrungen konstant halt. Sie 
werden trotz ihrer groBen Schalidrucke von den 
Originalklangen verdeckt. So bildet sich, immer bei 
konstant gehaltenen Verzerrungen, fiir die Hérbar- 
keit der Summentine ein giinstigster Schalldruck- 
Pegel heraus, der etwa bei 70 dB liegt. 

SchlieBlich werden diejenigen Kombinationsténe, 
die auf der Frequenzskala den Originalténen beson- 
ders benachbart sind, starker verdeckt als die, die 
weiter ab liegen. Deshalb sind die nichtlinearen Ver- 
zerrungen bei engen, hohen Intervallen leichter zu 
héren als bei weiten oder tiefen Intervallen. Der 
hierin begriindete EinfluB der Intervallbreite ist aber 
nicht erheblich. 

Die Grenzen der Horbarkeit nichtlinearer Ver- 
zerrungen gibt man durch den Verlauf der Klirr- 
schwellen in der Horflache an. Um sie z.B. fiir eine 
obertonarme Quint zu messen, halt man im nicht- 
linearen Teil des Ubertragungssystems den Span- 
nungspegel konstant und damit auch die Pegeldiffe- 


SECTION II: PUBLIC ADDRESS SYSTEMS, FELDTKELLER 71 


renzen zwischen Original-Teilténen und Kombi- 
nationsténen. Die Nichtlinearitat des Systems kenn- 
zeichnet man durch seinen Klirrfaktor. Es ist zweck- 
maBig, hierfiir den Klirrfaktor einer einzelnen Sinus- 
Spannung zu wahlen, deren Effektivwert so groB 
ist wie der Effektivwert des iibertragenen Zwei- 
klanges. Man halt also die Verzerrungen konstant, 
andert durch einen Regler vor dem Telephon den 
Abhérschalldruck und bestimmt die Reglerstellung 
und damit den Schalldruckpegel, bei dem die ge- 
wahlten nichtlinearen Verzerrungen eben hérbar 
werden oder eben verschwinden. Abb. 1 zeigt die 
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Abb. 1. Klirrschwellen einer quadratisch verzerrten Quint 
aus Einzelklangen ohne Oberténe. 


Klirrschwellen fiir einen obertonarmen Zweiklang 
(Quint) bei rein quadratischen Verzerrungen. Die 
oben beschriebene Wirkung der Verdeckung erkennt 
man daran, daB bei tiefen Frequenzen jede Klirr- 
schwelle einen kleinsten und einen gréBten Schall- 
druck angibt. 

Untersucht man obertonreiche Quinten, so findet 
man einen anderen Verlauf der Klirrschwellen (Abb. 
2). Sie liegen etwa 10 dB héher. Das hat verschiedene 
Griinde: bei gleichem effektiven Pegel haben die 
einzelnen Teilténe und damit auch die aus ihnen 
gebildeten Kombinationsténe eine viel kleinere 
Amplitude. Liegen die Teilténe eines Einzelklanges 
harmonisch, dann liegen auch die von ihnen unter- 
einander gebildeten Kombinationsténe harmonisch 
und stéren kaum. Aber die Kombinationsténe, die 
durch das Zusammenwirken der Teilténe beider 
Einzelklange entstehen, liegen z.B. bei temperierter 
Stimmung nichtharmonisch und bedingen die Hér- 
barkeit der nichtlinearen Verzerrungen. Sie liegen 
auch relativ eng auf der Frequenzskala, werden nicht 
mehr einzeln gehért und bilden Gerausche. Ob man 
diese Gerausche héren kann, hangt davon ab, wie 
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stark sie sind und wie sehr sie durch die benach- 
barten Teilténe des Originalklanges verdeckt wer- 
den. 


Jede Klirrschwelle gilt nur fiir feste Aussteuerung ° 


des nichtlinearen Systems. In Wirklichkeit wechselt 
die Aussteuerung je nach der Zuordnung des Schall- 
druck-Pegels L, im Aufnahmeraum, des Spannungs- 
pegels P, im Ubertragungssystem und des Schall- 
druck-Pegels L,, im Wiedergaberaum. Ein Beispiel 
soll das verdeutlichen: ein Kondensatormikrophon 
habe eine Rauschspannung, die einem Schalldruck- 
Pegel von 20 dB entspricht. Das Ubertragungs- 


100dB 


80 


60 


40 


20 


——> Schalldruckpegel La, im Wiedergaberaum 


OF 


Local 
003 006 O O25 O65 1 2 4 8 
——> Frequenz f, des tielen Grundtones 


Abb. 2. Klirrschwellen einer quadratisch verzerrten Quint 
aus Einzelklangen mit je 10 Teilténen. 
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system soll die Anforderungen des CCIF erfiillen: 
maximaler Spannungspegel um 50 dB iiber dem 
Rauschpegel und mit einem Klirrfaktor von 0,01. 
LaB8t man die Rauschpegel von Mikrophon und 
Ubertragungssystem zusammenfallen, so entspricht 
dem maximalen Spannungspegel ein Schalldruck- 
pegel L, = 70 dB. Nach Abb. 2 ist aber fiir ober- 
tonreiche Klange ein quadratischer Klirrfaktor von 
0,01 nur bei einem Schalldruckpegel L,, = 52 dB 
zulassig. Also muB der Schalldruckpegel im Wieder- 
gaberaum um 18 dB niedriger als im Aufnahmeraum 
sein. Der Dynamikbereich liegt dann im Wieder- 
gaberaum zwischen 52 dB und 2 dB. 
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Werden nun obertonarme Klange iibertragen, so 
darf man das Ubertragungssystem nicht voll aus- 
steuern, denn bei einem Schalldruckpegel im Wie- 
dergaberaum von 52 dB ist nur ein Klirrfaktor von 
0,003 zulassig. Nimmt man an, da8 der Klirrfaktor 
aus einer quadratischen Verzerrung stammt und der 
Spannung proportional wachst, so findet man aus 
Abb. 1, daB ein Schalldruckpegel von 46 dB mit 
einem Klirrfaktor von 0,006 zulassig ist. 

Dieses kleine Zahlenbeispiel illustriert die An- 
wendung der Klirrschwellen bei der Beurteilung 
eines Ubertragungssystems. Es zeigt aber auch, daB 
man aus den Klirrschwellen des Ohres Schliisse auf 
die zulassigen nichtlinearen Verzerrungen des Uber- 
tragungssystems erst ziehen kann, wenn man Ver- 
einbarungen iiber den Dynamikbereich und iiber die 
Zuordnung der Schalldrucke im Aufnahmebereich 
und im Wiedergaberaum geschaffen hat. 


Diskussion 


LEEUWEN, F. J. van: Wie stark streuen die Klirrschwellen 
bei verschiedenen Versuchspersonen ? 

VORTRAGENDER: Entsprechend der individuellen Hérschwelle 
bei gesundem Gehér etwa + 10 dB. 

Stier, H.: Sind Untersuchungen mit nichtlinearen Ver- 
zerrungen hdheren als 3, Grades gemacht worden ? 

VORTRAGENDER: Nein, weil es bisher nicht gelang, Verstarker 
mit Verzerrungen hohen Grades ohne Verzerrungen niedri- 
gen Grades zu bauen. 

BAERLE, F. C. G. v.: Sind die Grenzen der Hérbarkeit nicht- 
linearer Verzerrungen gegen Frequenzschwankungen, wie 
sie bei mechanischer Schallaufzeichnung auftreten, empfind- 
lich? 

VORTRAGENDER: Nein. 

SpALTI, A.: Ist das GehGr fiir quadratische oder fiir kubische 
Verzerrungen empfindlicher ? 

VORTRAGENDER: Fiir kubische Verzerrungen bei obertonarmen 
Klangen, fiir quadratische Verzerrungen bei obertonreichen 
Klangen. 

Erzop, H.: Ist das Gehér fiir nichtlineare Verzerrungen bei 
stationdren Klangen oder bei nicht-stationaren Klangen, 
wie sie in der Musik vorkommen, empfindlicher ? 

VORTRAGENDER: Fiir stationére Vorginge, aber der Unter- 
schied ist nicht groB. 

STAPPENBECK, H.: Sind Verzerrungen bei ungleichen Ampli- 
tuden der Primarklange untersucht? Nach meiner Er- 
fahrung sind die kubischen Verzerrungen am deutlichsten 
wahrzunehmen, wenn das Amplitudenverhdltnis etwa 
0,6: 1 betragt. 

VORTRAGENDER: Solche Untersuchungen haben wir bisher 
nicht durchgefiihrt. 
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THE DESIGN OF HIGH FIDELITY MICROPHONES 


by M. L. Gayrorp 
Standard Telephones and Cables Ltd. London 


Summary. The principles of microphone design are illustrated by the analysis of a modern moving 
coil microphone. A description is given of the derivation and use of an improved analogous electrical 
circuit which takes into account the effects of portions of the diaphragm both inside and outside the 
speech coil diameter. 


Sommaire. On montre, en prenant comme exemple !’étude d’un microphone moderne a bobine 
mobile, les principes du calcul des microphones, On indique comment établir et utiliser un circuit 
électrique équivalent, du type amélioré, permettant de tenir compte des effets produits par les régions 
de la membrane qui sont 4 l’intérieur et a l’extérieur du pourtour de la bobine mobile. 


Zusammenfassung. Die Grundprinzipien der Mikrophonkonstruktion werden durch die Analyse 
eines modernen Tauchspulenmikrophons dargelegt. Herleitung und Anwendung einer verbesserten 
elektrischen Ersatzschaltung werden beschrieben, bei der die Wirkung der einzelnen Membranteile 
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sowohl innerhalb als auch auBerhalb des Tauchspulendurchmessers beriicksichtigt werden. 


1. Introduction 


The analysis of a high-grade moving coil micro- 
phone provides an interesting study of the principles 
involved in design. - 

The size and form of the diaphragm system were 
first decided. Prime requirements are that it must 
be strong enough to withstand any acoustic shocks 
likely to occur, whilst the restoring compliance must 
be linear. The area and mechanical impedance must 
be such that the available acoustic pressure will 
drive it at a suitable velocity. Furthermore, the 
moving system should have only one effective natural 
period. 

The diaphragm is made from a strong aluminium 
alloy and comprises a rigid domed centre vibrating 
axially in a compliant surround. The coil is wound 
from aluminium tape and is cemented directly to 
the base of the dome. The effective diameter of the 
diaphragm is about 2.5 cm. The magnet and pole 
pieces provide a radial flux density of about 10 000 
gauss across the coil. 

The whole system must be enclosed in a solid 
case with a protective grille opening before the 
diaphragm, as the microphone is pressure operated. 
The mechanical layout of the microphone can be 
sketched and a functional diagram drawn (Fig. 1). 
This identifies the parts acting as masses or re- 
sistances and those acting as compliances. 


NIX 


MS 


Fig. 1. Functional diagram for the microphone. 
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2. The analogous electrical circuit 


Circuits previously derived for these microphones 
have been of limited value because the separate 
acoustic networks coupled to the rear parts of the 
diaphragm inside and outside the coil diameter were 
lumped together as one [1]. Some while ago the 
author derived a circuit, which took account of the 
two areas of the diaphragm. 

The values of the various constants were estimated 
and these were expressed in analogous acoustic units 
[2]. The velocities x9, x, etc. of the masses were 
taken as independent co-ordinates and the equations 
of motion were derived by applying d’Alembert’s 
principle and Lagrange’s equation (see Appendix). 
Use was made of the direct” analogy, e.g. mass = 
inductance [3]. 

The equations also apply to the equivalent electri- 
cal circuit (Fig. 2). The resultant acoustic pressure 


Response 


Fig. 2. Analogous electrical circuit. 


applied to the microphone openings is represented 
by the voltage V applied to the terminals of the net- 
work, the current through my representing the coil 
velocity and hence the response of the microphone. 
The two parts of the diaphragm feeding air flow 
through the separate slots on each side of the coil 
indicate two ideal transformers T, and T, whose 
transformation ratios are a function of the relative 
values of the areas of the diaphragm dome and sur- 
round. 
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3. Results given by the analogy 


Suitable equivalent electrical values were selected 
(e.g. 1 millihenry = 1 milligram etc.) and the electri- 


cal circuit was set up. Varying the component values, 


whilst a constant voltage is applied to the input 
terminals, shows the effect on the response. For 
instance, it is found that the compliance 1/s, of 
the case volume and the diaphragm surround com- 
pliance 1/s, control the low frequency response, the 
acoustic resistance r, controls the middle frequency 
response and the diaphragm mass my controls the 
high frequency response. The front grille m_, and 
air cavity 1/s, form a damped Helmholtz resonator 
which aids the extreme top response, and the mass 
m, of the air leak tube interacts with the other ele- 
ments and aids the response at extreme low frequen- 
cies. Judicious experiment enables circuit values to 
be found which give the best overall response. 

A square wave-form voltage is applied to check 
the transient response of the system. 

This lumped-constant analogy ignores any wave 
propagation effects in cavities of size comparable to 
the acoustic wavelength. In the actual microphone 
certain cavities are treated with sound absorbing 
material to prevent such effects. 

The circuit response corresponds to constant 
acoustic pressure on the microphone opening and, 
to obtain an estimate of the field response, the 
diffracting effects of the actual case have to be added 
as a correction. A porous front baffle, placed before 
the diaphragm opening, largely compensates for 
diffraction effects and makes the microphone omni- 
directional at all frequencies [1]. 


4. Conclusions 


This analogy has proved valuable in design work 
and has led to considerable improvement in the 
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response of earlier microphones and facilitated the 
development of new types. In particular, the im- 
portance of giving correct values to the impedance 
of the cavities etc. under the two parts of the 
diaphragm has been established. 

Acknowledgments are due to Messrs. Standard 
Telephones and Cables and to many of the authors’ 
colleagues. 


Appendix 
From Lagrange and d’Alembert 

d ( oT OF oV 

dt 33) ax, + Ax, — nls 
where 7, F and V are the kinetic, frictional and 
potential energy functions respectively. From Fig. 1 
expressions for the energy associated with each co- 
ordinate can be derived. Differentiation gives the 
equations of motion. These are seen to be the mesh 


equations for the equivalent electrical circuit. For 
the diaphragm mesh: 
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MEASUREMENTS OF NON-LINEAR DISTORTION IN LOUDSPEAKERS 


by F. INGERSLEV 


Acoustical Laboratory, Royal Technical University, 


Copenhagen 


Summary. A new method for the determination of non-linear distortion in a loudspeaker based 
on measurement of the sound pressures of the new tones generated by the loudspeaker when driven 
by a stimulus of two tones of sinusoidal waveform is described. 


Sommaire. 


On décrit une nouvelle méthode de détermination de la distorsion non linéaire dans 


un haut-parleur; elle repose sur la mesure de la pression sonore des nouveaux sons qu’émet le haut- 
parleur quand il est excité par deux sons sinusoidaux. 


Zusammenfassung. Es wird eine neue Methode zur Bestimmung nichtlinearer Verzerrungen 
in Lautsprechern beschrieben, die auf der Messung der Téne beruht, die ein von zwei Sinusténen 


erregter Lautsprecher neu erzeugt. 
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Non-linear distortion in loudspeakers has usually 
been disregarded in the past, the attention being 
concentrated on linear distortion. It will be shown 
in this paper that many loudspeakers have non- 
linear distortion which should not be disregarded, 
and a new method for measurement of non-linear 
distortion in loudspeakers will be described. 

The non-linear distortion may be due to excessive 
amplitudes of the diaphragm where Hooke’s law no 
longer applies, or to inhomogeneity of the flux 
density through which the voice coil moves. 

The old method for objective determination of 
the non-linear distortion in a system is based on 
measurement of the harmonics produced by the 


system when driven by a stimulus of sinusoidal 


waveform, This method is useful when the non- 
linear distortion changes slowly with frequency, but 
big changes in harmonic distortion even for small 
changes in frequency occur in.a loudspeaker and a 
satisfactory picture of the harmonic distortion pro- 
duced by a loudspeaker can therefore only be ob- 
tained by continuous recording of the distortion 
through the whole frequency range. Commercially 
manufactured instruments suitable for such record- 
ings are not avaible on the market at present. 
There are, however, other reasons for looking for 
a new method for continuous recording of the non- 
linear distortion in loudspeakers. The harmonic 
distortion measurements do not give a satisfactory 
expression for the non-linear distortion in the upper 
part of the frequency-band radiated by the loud- 
speaker, and the requirements for low content of 


harmonic components in the stimulus are sometimes 


rather difficult to fulfil in certain frequency ranges. 

The new method for measurement of the non- 
linear distortion in a loudspeaker is based on meas- 
urements of the sound pressures of the new tones 
generated by the loudspeaker when driven by a 
stimulus of two tones of sinusoidal waveform. One 
of the tones has a low fixed frequency, often the low 
resonant frequency, the other tone has a high con- 
tinuously varying frequency. The choice of a tone 
having a low, fixed frequency involves large ampli- 
tudes of the membrane and consequently consider- 
able distortion. The amplitude of the sound pressure 
of each of the new tones produced by the loudspeaker 
driven by a stimulus of two tones is expressed 
separately in per cent of the amplitude of the tone 
with the high frequency. The corresponding ratio 
in dB can also be used. 

Fig. 1 shows a block diagram of the apparatus 
used for measurement of non-linear distortion. It is 
in principle a wave-analyser and two extra oscillators. 
The wave-analyser contains an oscillator (no. 1), the 
frequency of which can be varied from 50000 to 
34 000 c/s. Oscillator 2 has a frequency which can 
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be adjusted to (50000 + 250) c/s. The adjustment 
of the frequency is made before the start of the 
measurement and the adjustment is then kept during 
the measurement. Oscillator no. 3 has a frequency 
of 50000 c/s. The following notations are used for 


Wave-analyser 


| 50000c/s 1000c/s | 
| 1 ©) (50000-f)c/s (2) 49000 | 
Modulator (4+6)cls 
2 (50000+% )c/s 
Modulator f, c/s 
3 ©) 50000 


Fig. 1. Block diagram of apparatus used for measurement of 
non-linear distortion. 


the difference frequencies between the frequencies 
of the various oscillators: 


oscillator 3 and 1: fy, 
ne 3 ,, 2: f, (low fixed frequency), 
* 1 ,, 2: (f, +f.) (continuously vary- 
ing frequency). 

The tones having the frequencies f, and (f, + ft) 
are used as the stimulus for the loudspeaker. The 
wave-analyser is automatically adjusted to the differ- 
ence frequency or the sum frequency. It will be the 
difference frequency when the frequency of oscil- 
lator 2 is above 50000 c/s and the sum frequency 
when the frequency of this oscillator is below 50000 
c/s. It is also possible to arrange automatic adjust- 
ment to tones of higher orders if the tone with the 
low frequency is supplied from an external generator. 

The conditions used when measuring the non- 
linear distortion should be considered carefully. The 
voltage applied to the moving coil depends partly on 
the size of the loudspeaker and partly on the purpose 
for which the loudspeaker is to be used. It has been 
found better to use the same voltage for both tones, 
and not a level of the tone with the high frequency 
which is 12 dB below the level of the tone with the 
low frequency as is often the case when measuring 
non-linear distortion in amplifiers. 

Fig. 2 shows the result of a measurement. The 
upper curve shows the ordinary sound pressure 
response of a loudspeaker and the lower curve shows 
the sound pressure of the difference tone produced 
by the loudspeaker when the loudspeaker is driven 
by a stimulus of two tones, one having a fixed fre- 
quency of 90 c/s and the other having a continuously 
varying frequency. The amplification of the ap- 
paratus used when measuring the sound pressure of 
the difference tone was 30 dB higher than the ampli- 
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Fig. 2. The upper curve shows the sound pressure response of a loudspeaker. The lower curve shows 


karakteristik 
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the sound pressure of the difference tone produced by the loudspeaker when the loudspeaker 
is driven by a stimulus of two tones, one tone having a fixed frequency of 90 c/s and the other 


having a continuously varying frequency. 


Fig. 3. The sound pressure levels of the difference tone of first order (above) and of second order 
(below) as a function of frequency. 
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fication used when measuring the sound pressure 
response. It is seen that in this case the sound pres- 
sure of the difference tone is on the average ap- 
proximately only 30 dB below the sound pressure 
of the high frequency. 

The upper curve in Fig. 3 shows the sound 
pressure levels of the difference tone of first order 
(f. —f,) and the lower curve shows the difference 
tone of second order (f, — 2 f,). The difference tone 
of first order has in this case the higher sound 
pressure level above 1000 c/s. 

The lower curve in Fig. 2 shows a pronounced 
peek in the intensity of the difference tone at 
600 --- 700 c/s. This is the case for many loud- 
speakers and it usually corresponds with an irregu- 
larity in the sound pressure response in the same 


frequency range. Viscous material applied to the 


rim of the diaphragm often reduces the magnitude 
of the non-linear distortion inthe frequency range 
600 --- 800 c/s. 

The method described above using a stimulus 
of two tones, one tone having a low fixed frequency, 
the other having a high continuously varying fre- 
quency seems to be a useful method when measuring 
non-linear distortion in loudspeakers. 


Discussion 


Kwowtes, H.: We have found it necessary in similar high- 
frequency glide tone difference frequency measurements 
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to vary the high-frequency power to conform to the peak 
power demand on speech and music. 


LECTURER: The distortion is expressed as the ratio of the 
sound pressure of the individual difference tones (summa- 
tion tones) to the sound pressure of the high frequency. 
Under these conditions a variation of the high-frequency 
power is of minor influence. 


VERMEULEN, R.: Am I right that the difference tone does not 
give any indication of symmetrical distortion, e.g. cubic 
distortion ? 


Lecturer: The difference tones of second order are due to 
symmetrical distortion. 


CHAPMAN, R.: How are second order difference tones meas- 
ured, and are the curves of difference frequency shown 
the actual intensity levels of these tones or the difference 
in intensity levels of these and the high frequency funda- 
mental ? 


LEcTuRER: The second order difference tones were measured 
using an external low-frequency oscillator. The curves 
show the actual intensity levels of the difference tones. 


BruEL, P. V.: What is the limiting factor which made it ne- 
cessary to overload a loudspeaker for using the method. I 
think it would be nice to develop the method so that it 
would also be possible to measure the speaker with half 
or normal load. 


LecturRER: The loudspeaker was usually not overloaded. It 
will, however, be difficult to record with high accuracy 
the non-linear distortion produced by very good loud- 
speakers using only half the normal load or even a lower 
value because the lowest measurable level of the recorded 
difference and summation tone was 45 dB below the level 
of the high frequency. 


UN NOUVEAU TRADUCTEUR ELECTROACOUSTIQUE: L7IONOPHONE 
par S. KLEIN 


Société Audax, Paris, France 


Sommaire. Description et applications pour la reproduction musicale et les ultra-sons du nouveau 


haut-parleur francais sans membrane. 


Zusammenfassung. 


Beschreibung des neuen franzésischen Lautsprechers ohne Membran und 


seine Anwendungen zur Musikwiedergabe und zur Ultraschallerzeugung. 


Summary. A description of a new French loudspeaker without membrane and its uses in music 


reproduction and for ultrasonics. 


1. Introduction 


Le classique haut-parleur 4 membrane est, sans 
aucun doute, le maillon le plus imparfait de toute 
la chaine de reproduction sonore. Et ce n’est pas 
d’hier que de nombreux chercheurs ont tenté de se 
libérer de l’inertie de la matiére, l’idéal étant évidem- 
ment d’agir directement si possible sur les molécules 
d’air. 

Ne parlons que pour mémoire du haut-parleur 
électro-pneumatique, dans lequel une sorte de robi- 
net commandé électriquement délivrait en plus ou 
moins grande quantité l’air comprimé enfermé dans 


une bouteille.. Un tel appareil restait matériel dans 
son mécanisme de commande, et par conséquent 
sujet aux mémes inerties que le haut-parleur 4 mem- 
brane. Un autre moyen de secouer au rythme 
voulu les molécules atmosphériques, consistait a 
tenter de donner 4 celles-ci une polarisation électri- 
que. C’est ce qu’on sait faire, au moyen de l’ionisa- 
tion. Déja quelques expérimentateurs avaient remar- 
qué que si un arc électrique est alimenté en courant 
modulé, l’arc devient la source d’ondes sonores. 
Mais le rendement électrique est déplorable, et la 
tonalité tres mauvaise. D’autres essais obtenus en 
placant une flamme entre les armatures d’un con- 
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densateur ne furent guére plus heureux, le manque 
de puissance acoustique étant toujours 1’obstacle 
majeur. 


En 1946, l’auteur présentait 4 l’Académie des ° 


Sciences et a la Société des Radioélectriciens un 
haut-parleur ionique. Il s’agissait en somme de la 
réplique ionique de la triode électronique: un fila- 
ment chauffant portait 4 haute température une 
électrode recouverte de substance fortement émet- 
trice d’ions; un cylindre perforé tenait le rdle de 
grille et modulait le flux ionique; une troisieme 
électrode, portée 4 un fort potentiel négatif, jouait 
le rdle de l’anode dans le tube a vide. Le rendement 
n’était pas extraordinaire puisqu’il fallait 500 W de 
puissance d’alimentation pour produire un son faible- 
ment audible dans une piéce de dimensions moyen- 
nes; mais la fidélité était bonne et il semblait que 
l’on était sur la bonne voie. 

Pour améliorer ces résultats, il fallait d’abord ac- 
croitre l’émission ionique. L’auteur y travailla de 
nombreuses années et parvint, a l’aide conjuguée de 
l'emploi d’un chauffage H.F. et d’un mélange émissif 
ainsi composé: 


moussesde wplatine Gare weskseis alls ee IO OL iy 
phosphate d’aluminium ...... 40% 
iridium pulvérglen? | oo eats hol ele eas 
OTADNITEL a wae 1.) Roabeane, Ween are Do 


obtenir une puissante source d’ions. 

Il fallait encore adapter les impédances acoustiques 
et ce fut le classique pavillon exponentiel qui fournit 
la solution, En fin de compte, le haut-parleur ionique 
version 1951 pouvait étre représenté comme la coupe 
de la fig. 1. 


fo- 


2. Fonctionnement de l’ionophone 


L’ionophone est essentiellement constitué par un 
condensateur coaxial dont l’armature interne est un 
fil se terminant par une sphére de platine, noyé dans 
un cylindre de quartz, 


Arrivée de la 
modulation 


Encernte 
wide der 
Sphére ae 
platine__ 


Trensformeteur “fF 


Fig. 1. La cellule thermoionique couplée 4 son transforma- 
teur haute-fréquence. 


L’autre électrode est un anneau métallique con- 
centrique. Le cylindre de quartz central est isolé 
électriquement et thermiquement au moyen d’une 
enceinte vide d’air. La paroi intérieure de cette 
enceinte amorce le départ du pavillon exponentiel, 
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ce dernier est prolongé hors de la cellule par une 
trompe métallique par exemple. 

Un signal haute fréquence de trés haute tension 
est appliqué aux bornes de ce condensateur. Cette 
tension provient du secondaire élévateur d’un trans- 
formateur dont le primaire est alimenté, dans l'état 
actuel de la réalisation, par un cable coaxial prove- 
nant d’un générateur de haute fréquence classique. 
Lorsque la tension H.F. est appliquée, on observe 
qu’une lueur violette entoure le cylindre de quartz; 
bientdt, sous l’effet des pertes diélectriques, ce der- 
nier est porté au rouge, et l’appareil est en état de 
fonctionner. La sphére-de platine émet alors un flot 
d’ions positifs. Si, maintenant, on module en ampli- 
tude par un procédé quelconque la trés haute tension 
a haute fréquence, l’ionisation se modifie propor- 
tionnellement, il en résulte des variations instan- 
tanées du nombre de chocs moléculaires ioniques 
engendrés dans la cellule, autrement dit de la pres- 
sion régnant dans le pavillon, d’ot naissance d’un son. 


3. Limite du fonctionnement 


L’ionophone était destiné, primitivement, 4 la 
reproduction musicale. C’est donc dans le spectre 
sonore qu’ont commencé les premiéres recherches 
de ses limites. Vers les fréquences élevées, il apparut 
trés rapidement que la cellule ionique battait de 
loin le haut-parleur 4 membrane. Quant 4 la limite 
inférieure des fréquences reproductibles, elle n’est, 
en fait, déterminée que par la grandeur que l’on 
peut donner au pavillon exponentiel, Si ce dernier 
peut recevoir un allongement tel que son ouverture 
puisse étre de l’ordre de quelques métres, rien ne 
s’oppose a ce que des fréquences aussi faibles que 
20 ou 30 Hz puissent étre retransmises. 

Par contre, si, pour des raisons d’encombrement 
(emploi dans un récepteur de radio domestique par 
exemple) on est contraint d’adopter un pavillon de 
dimensions réduites, il est certain que la reproduc- 
tion des fréquences basses sera défaillante. L’on 
résout actuellement la difficulté en associant au haut- 
parleur ionique un haut-parleur classique de grand 
diamétre (boomer), lequel est chargé par un filtre 
de séparation classique de la reproduction des notes 
basses. Cette solution est d’ailleurs tout a fait satis- 
faisante, étant donné que les progrés de la technique 
actuelle des haut-parleurs sont tels que |’on sait 
faire fonctionner assez correctement un haut-parleur 
de grand diamétre pour des fréquences ne dépassant 
pas 300 Hz. 


4. Fonctionnement aux fréquences trés élevées 


Les courbes de réponse obtenues dans le domaine 
des fréquences musicales montrent qu’au-dela de la 
fréquence de coupure du pavillon, aucune atténua- 
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tion ne se produit jusqu’A des fréquences trés 
élévées. 

Bien que sans intérét pour la reproduction musi- 
cale seule, il était extrémement intéressant d’obser- 
ver le comportement a des fréquences élévées; on 
s’apercut alors que le fonctionnement restait possi- 
ble, non seulement pour les fréquences ultra-sonores 
proches, mais aussi pour des fréquences pouvant 
atteindre le mégacycle par seconde. C’était 14 une 
découverte extrémement importante, étant donné 
le nombre sans cesse grandissant des applications 
des ultra-sons et étant donné d’autre part les diffi- 
cultés que l’on a pour produire, avec une puissance 
importante, des vibrations acoustiques de fréquence 
trés grande. 


5. Les ultra-sons 


_ Tous les générateurs classiques d’ultra-sons (les 

cristaux piezoélectriques, les .barreaux magnéto- 
strictifs) ont en commun deux inconvénients: d’une 
part, ce sont des générateurs accordés, concus pour 
travailler sur une seule fréquence ou ses harmoni- 
ques; d’autre part la transmission ne s’effectue 
correctement que dans des milieux liquides ou solli- 
des, alors qu’il peut étre intéressant, dans bien des 
cas, d’envisager l’ébranlement des molécules ga- 
zeuses. Pour cette derniére application la cellule 
ionique est idéale. On a pu ainsi vérifier, que, dans 
lair, des intensités aussi grandes que 150 dB au 
dessus de 2: 10-° N/m? pouvaient étre obtenues 
sans difficulté (rappelons pour comparaison qu’un 
moteur d’avion a réaction, 4 quelques métres, cor- 
respond 4 un bruit d’environ 140 dB). La portée 
dans l’air dépend évidemment de la fréquence, car 
on sait que les ultrasons sont rapidement amortis 
dans un milieu gazeux et cela d’autant plus que la 
fréquence est grande. Toutefois, des portées d’une 
centaine de métres sont faciles 4 réaliser pour une 
fréquence de 30 kHz par exemple. Des ultra-sons 
de 3 MHz ont pu traverser plusieurs centimetres 
d’air. 

Cependant, pour concurrencer victorieusement 
les autres générateurs d’ultra-sons, l’ionophone de- 
vait étre capable de transmettre les vibrations a des 
milieux liquides ou solides. Cela posait une délicate 
question d’adaptation des impédances. Ce probléme 
a été résolu trés simplement par l’emploi d’un mate- 
riau intermédiaire, d’élasticité et de densité telles 
que l’adaptation correcte pouvait avoir lieu avec un 
rendement élevé. Pratiquement, on emploie par 
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exemple un tampon de mousse de caoutchouc placé 
contre l’ouverture du pavillon exponentiel de la 
cellule, 


6. Applications aux ultra-sons 


On a dit plus haut qu’une caractéristique princi- 
pale de la cellule ionique était son apériodicité. Dans 
presque tous les domaines ot les ultrasons sont mis 
en oeuvre, cela ne manquera pas de présenter d’im- 
menses avantages, 

En médecine, par exemple, on se contente, jus- 
qu’a présent, d’expérimenter sur un certain nombre 
de fréquences fixes, Il est certain que des découver- 
tes intéressantes peuvent résulter de l’exploration 
méthodique du spectre ultra-sonore et cela sans dis- 
continuité. Des émissions d’ultra-sons modulées en 
fréquence sont également concevables, ce qui ne 
pouvait se faire au moyen des générateurs magnéto- 
strictifs ou a quartz que d’une facon extrémement 
étroite. Il est facile d’imaginer les commodités qu’of- 
frent ces perspectives pour les liaisons aériennes a 
courte distance, oti les liaisons sous-marines, le 
repérage a distance, la télécommande, etc. 

En utilisant l’ionophone comme émetteur d’ultra- 
son dans l’air, une premiére réalisation pratique a 
été inaugurée récemment a Paris, consistant en la 
transmission de paroles sur porteuse ultra-sonore. 
Il s’agissait dans ce cas concret, de transmettre dans 
la salle des conférences de l" UNESCO des traduc- 
tions dans diverses langues des discours prononcés. 
Les traductions s’effectuent de la facon habituelle; 
aprés quoi les courants de basse fréquence modulent 
des générateurs, suivis chacun d’une cellule ionique, 
et disposés au plafond de la salle de conférence. Les 
réceptions s’effectuent au moyen d’un casque télé- 
phonique. Chaque auditeur porte un tel casque sur 
la bride duquel est fixé le récepteur proprement dit, 
qui comprend un microphone 4 cristal, suivi d’un 
amplificateur alimenté par batterie. Les fréquences 
porteuses sont de l’ordre de 36 kHz. Un seul tube 
amplificateur du type subminiature est nécessaire 
pour détecter et transmettre aux écouteurs la puis- 
sance basse fréquence. L’accord sur une des langues 
est effectué au moyen de trois boutons poussoirs 
branchant des capacités différentes aux bornes d’un 
circuit oscillant bobiné sur noyau magnétique. La 
commodité d’usage est extréme; de plus, le secret 
des transmissions est absolument respecté puisque 
aucun signal ne parvient a l’extérieur de la salle. 
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ARTIFICIAL ACOUSTICAL ENVIRONMENT CONTROL 


by H. S. KNowLEs 
Industrial Research Products, Inc., Franklin Park, Ill., U.S.A. 


Summary. The acoustic field at the listener differs markedly in a concert hall and in an outdoor 
amphitheatre. To provide a sound field outdoors approximating to that of a hall an array of loud- 
speakers was suspended over and around an outdoor area and supplied with multiply delayed, at- 


tenuated and spectrally modified signals. Listeners showed a significant preference for the simulated: 


indoor acoustical environment even when presented with a visible outdoor environment. 


Sommaire. Le champ sonore a l’endroit oi se trouve un auditeur n’est pas le méme suivant que 
l’auditeur est dans une salle de concert ou dans un amphithéatre en plein air. Pour produire en plein 
air un champ sonore qui reproduise sensiblement celui existant en salle, on a suspendu une série 
de haut-parleurs au-dessus et autour d’un terrain en plein air et on lesa alimentés avec des signaux 
présentant plus ou moins de retard, d’affaiblissement, et de modification de leur spectre. Les audi- 
teurs ont montré une préférence marquée par cette simulation d’une ambiance acoustique intérieure, 
méme quand elle est présentée dans un cadre du plein air. 


Zusammenfassung. Das Schallfeld am Ort des HGrers ist in einem Konzertsaal merklich ver- 
schieden von dem in einem Freilichttheater. Um das Schallfeld im Freien dem eines Saales anzu- 
nahern, wurde eine Lautsprecheranordnung tiber dem und um das Gebiet im Freien angebracht, die 
mit verzégerten, abgeschwachten und im Spektrum veranderten Signalen gespeist wurde. Die H6rer 
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bevorzugten auch im Freien die vorgetauschte akustische ,,Konzertsaal’’-Umgebung. 


Historically, in the design of structures for out- 
door musical concerts, primary attention has been 
given to obtaining adequate intensity over the 
listening area. Since the outdoor area was frequently 
large, and the ambient and audience noise significant, 
reflecting surfaces were placed near the performers 
to make the intensity as high and uniform as possible 
over the listening area. The reflecting surface also 
served to reflect sound to the performers thereby 
providing more nearly the acoustical environment 
needed to aid and stimulate the performer. 

Sound reinforcing systems (SRS) have aided out- 
door music reproduction by raising the intensity 
levels and providing more uniform spatial distribu- 
tion. The objective has been to have a spatially 
uniform, linear, frequency and transient distortion- 
free transfer characteristic from the microphone to 
the listener. The SRS raises the intensity level but 
does not significantly alter the characteristics of the 
sound field. 

This sound field differs radically from the indoor 
sound field found in listener-preferred concert halls 
where most critical music listening is done. This 
raises the question whether outdoor listening would 
be enhanced by providing a simulated indoor acous- 
tical environment. The objective of simulating a 
preferred indoor acoustical environment raises all 
the questions, many of them unanswered, that are 
raised by the entire subject of room acoustics. We 
can here briefly report only on some of the tests 
conducted to answer this question and on the major 
criteria that were considered important for the simu- 
lated environment. 


All preferred concert halls have reverberation 
times of the order of 1.3 to 2.0 seconds with a modal 
value of about 1.5 seconds. The shape of the attack 
and decay curves lies within moderate limits. In- 
vestigators agree that the intensity, direction and 
time delay of the first few reflections (the charac- 
teristics of the first few images’) are important. 
Preferably without, but certainly with the aid of the 
visual stimulus of the performer, the listener should 
identify the sound with the performer and not be 
able to resolve other acoustic images. The quality 
should be reasonably uniform throughout the area. 
The environment should be free of detectable echo, 
buzz, and flutter. 

Simulation of reverberation suggests the use of 
lumped or distributed parameter electromechanical 
reverberation networks to provide a reverberant signal 
without modifying the conventional speaker system. 
These were tried and many listeners preferred the 
results. The listeners did not however consider that 
they were immersed in an indoor field. This was 
due, in part at least, to the difficulty of producing 
the desired pressure-time pattern at two fixed ear 
coordinates and to the fact that even if it is pro- 
duced the listener can detect the space gradient by 
slight motions of the head and gain clues to the 
direction of field components. 

The simplest method of roughly simulating the 
important indoor images and the attack and decay 
appears to be to surround the outdoor listener with 
an array of speakers supplied by electrical signals so 
modified that each speaker radiates a wave which 
corresponds to the wave the simulated room bound- 
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ary would reflect from that region into the listening 
area. The proper delay, attenuation (and its fre- 
quency dependence) can be approximated by a study 
of the successive images in (the geometry and bound- 
ary nature of) a preferred environment. 

For economic reasons it is necessary to limit the 
number of speakers and one important problem is to 
determine subjectively the configuration of a mini- 
mum array. One way of reducing the number of 
speakers and roughly simulating the missing ones, 
is to supply some speakers with a signal delayed or 
advanced by an amount which simulates the nearest 
missing or phantom”’ speaker in its most critical 
listening area. The time change so introduced is 
normally of the order of 20 to 40 milliseconds, 

To test the subjective interference of short delays, 
four free field speech and four dead studio (0.6 s RT) 
_ music recordings were made. These magnetic record- 
ed signals were supplied to.a delay mechanism 
which provided 0 --- 150 ms delay. The initial inter- 
ference test was limited to six trained listeners 
(acoustical engineers and musically trained radio 
programme directors). The maximum, minimum 
and mean values for these listeners and four speech 
samples (syllable rates of 4.5 to 5.5/s) are shown in 
the figure. A single delayed signal mixed electrically 
with the undelayed and fed to a single isolated free 
field source was used. The intensity levels were those 
found desirable in earlier outdoor work and lie 
nearer cinema than indoor concert levels. The curve 
designations b-:-d indicate (see legend to figure) 


Pressure level of delayed signal 
re, undelayed signal level of 0.2 N/m* 


The pressure level difference of a delayed signal and 

the undelayed signal of 0.2 N/m? according to: 

a) Bott and Doax’s 10% disturbance criterion, based 
on Haas’ experiments; 

b) direct subjective estimation of ’’definitely objec- 
tionable; 

c) direct subjective estimation of ’’echo identified’”’; 

d) direct subjective estimation of ’’minimum percep- 
tible’’. 


the questions asked the listeners (curve a for com- 
parison). The level of the interfering signal required 
to produce the specified subjective estimate rises as 
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the time delay of the interfering signal is reduced 
from 170 to 25 ms. 

On music the mean interference pressure levels 
were substantially higher. The deviations were much 
greater and depended markedly on the programme 
material (tempo, staccato, etc.) and on the listener, 
so that larger listener and music samples are needed 
to give statistically significant results. The speech 
values are given because although the samples are 
small the deviations are moderate and they give high 
interference values which provide safe criteria for 
music. For comparison Bot and Doax’s [1] 10% 
disturbance’’ curve based on Haas’ [2] data is shown. 
This corresponds roughly to the ’’definitely objec- 
tionable delay” region of our figure. The minimum 
perceptible intensity values were found to rise in the 
presence of other interfering signals of higher inten- 
sity much as one would predict. The presence of 
other signals and the lower correlation normally 
obtained in acoustic interference may account for 
the higher interference-intensity tolerance reported 
by Haas, Bott and Doak. 

An experimental array was tested in which the 
loudspeakers were approximately 8 m above ground, 
12.5 m apart across the area and 16 m apart along 
the area. A rectangular array was used for structural 
reasons. The electrical delay to each speaker did not 
in general correspond to the acoustic transit time 
from the performer to the loudspeaker. A 20 speaker 
array was effectively increased in size by a factor of 
four by using two large perpendicular high impe- 
dance walls to provide reflections. A theatre type 
loudspeaker system was mounted at the intersection 
of the two walls and ground. The recordings used 
to simulate music played in an outdoor shell were 
recorded in a 0.6 s RT sound stage. Sixteen adjus- 
table delay circuits, some with feed-back, provided 
complex delay patterns. 

With the complete system adjusted to simulate a 
preferred 1.5 sRT hall each listener was asked to 
choose between music amplified over a high quality 
theatre loudspeaker system and music amplified over 
the simulated room system adjusted to the same 
loudness and subjective frequency response balance. 
Of the 960 judgments made by 24 listeners 918 
favoured the simulated room reproduction and 42 
the straight amplified signal. Choices favouring the 
straight amplification were nearly all based on a 
staccato passage which permitted detection of the 
defects of the delay system and finite speaker separa- 
tion. The defects are primarily the lack of the 
damped sinusoidal terms corresponding to the tran- 
sient room mode responses and the disordered part 
of the attack and decay. With more circuit compli- 
cation these can be added using reverberation circuit 
techniques. 
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Such an arrangement permits the size, shape and 
boundary impedance of the simulated room to be 
varied by a substantial factor by purely electrical 


means. This permits the ’room”’ to be fitted to the. 


music or source material. The ratio of direct incident 
or only slightly delayed sound to more delayed may 
differ for different sound sources at the same time. 
Improved "intimacy’’ was obtained by reducing the 
RT on a solo voice and leaving the normal RT on 
music. The artificial room also provides a tool for 
the study of room acoustics. 

While the initial tests were too limited to permit 
generalization they were conclusive enough to in- 
dicate that most listeners prefer an indoor acoustical 
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environment when listening to music outdoors. A 
supplementary test was later completed in the spring 
of 1950 of a normal size installation in which however 
the listeners near the orchestra were covered by a 
ceiling (no walls) and in which the remote outdoor 
listeners were supplied with delayed sound. The 
combined test results were promising enough so 
that a full scale installation of the completely si- 
mulated environment is planned. 


References 
[1] Bott, R. H. and Doak, P. E., J. acoust. Soc. Amer. 22 


[1950], 4. 
[2] Haas, H., Acustica 1 [1951], 2. 


KONDENSATOR-HOCHTONLAUTSPRECHER UND KONDENSATOR- 


MIKROPHONE MIT FESTEM DIELEKTRIKUM 


Von W. KuHL 
Rundfunk-Technisches Institut, Ntirnberg 


Zusammenfassung. Mit gerillten oder gelochten Gegenelektroden und auf ihnen aufliegenden, 
gespannten und auBen metallisierten Kunststoff-Folien kann man Kondensator-Lautsprecher bauen, 
deren Frequenzkurve in erster Linie durch die Form der Gegenelektrode gegeben ist, und deren 
Wirkungsgrad trotz geringer Gleichspannung den von dynamischen Lautsprechern oberhalb von 
5 kHz tiberschreitet. Kondensator-Mikrophone dieser Art kénnen fast dieselbe zeitlich konstante 
Empfindlichkeit im Hérbereich wie die mit Luftdielektrikum haben, aber eine wesentlich gréRere 
im Ultraschallbereich. 


Summary. Counter-electrodes with grooves or holes and having stretched over them thin layers 
of plastic foil metallised on the outside can serve as condenser loudspeakers, whose frequency response 
depends on the form of the counter-electrode and whose efficiency even on low potential exceeds 
that of dynamic loudspeakers above 5 kc/s. Condenser microphones with this speciality have nearly 
the same sensitivity as those with an air dielectric in the audio range but much greater sensitivity 
in the ultrasonic range. 


Sommaire. En employant des contre-électrodes 4 trous ou 4 rainures, sur lesquelles on applique 
et on tend des feuilles de produit synthétique métallisées a l’extérieur, on peut réaliser des haut- 
parleurs condensateurs dont la courbe de réponse en fréquence est déterminée surtout par la forme 
des contre-électrodes, et dont le rendement dépasse, au-dela de 5 kHz, celui des haut-parleurs dyna- 
miques, bien que la tension continue soit faible. Des microphones-condensateurs du méme 
type peuvent avoir, dans la gamme audible, presque la méme sensibilité constante dans le temps que 
les microphones dont le diélectrique est de l’air, mais leur gamme ultrasonore est notablement 


plus étendue. 


Uber die mehrjahrige Entwicklung von Konden- 
sator-Mikrophonen fiir Ultraschall und Konden- 
sator-Lautsprechern im III. Physikalischen Institut 
der Universitat Géttingen, die mit Unterstiitzung 
von DSIR in London durchgefiihrt wurde, erscheint 
demniachst in der Acustica eine ausfiihrliche Ver- 
6ffentlichung von KUHL, SCHRO6DER und SCHODDER. 
Deshalb soll auf eine vollstandige Wiedergabe des 
Referates verzichtet werden, und es seien im fol- 
genden nur die wesentlichen Ergebnisse der Unter- 
suchungen genannt. 

Kondensator-Lautsprecher und -Mikrophone, be- 
stehend aus einer nichtleitenden, auBen metallisierten 
Folie, die an vielen Punkten auf den Unebenheiten 
einer metallischen Gegenelektrode aufliegt, wurden 


schon 1929 patentiert und spater von SELL, der auch 
einige Mikrophon-Frequenzkurven veréffentlichte, 
in verschiedenen Ausfiihrungsformen beschrieben. 
Darauf aufbauend wurden jetzt Mikrophone mit 
einer oberen Grenzfrequenz von 50 bis 100 kHz 
entwickelt mit konzentrischen Rillen in der Gegen- 
elektrode und mit auBen durch Bedampfung metal- 
lisierten Kunststoff-Folien von etwa 10 um Dicke 
als Membran. Wenn die Elektroden zwischen den 
Rillen aufgerauht sind, ist die Empfindlichkeit, 
aber auch die Gefahr von elektrischen Durch- 
schlagen gréBer. Die Mikrophone bestehen aus einer 
Kugel von 35 mm Durchmesser, die ein ebenes 
System von 13 mm Durchmesser, mit ihrer Ober- 
flache fast abschlieBend, enthalt. Die untersuchten 
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ebenen Lautsprecher haben einen Durchmesser von 
84 mm. 

Die Absoluteichung der Mikrophone geschah bei 
Frequenzen von 3 bis 200 kHz im freien Schallfeld 
nach der Reziprozitatsmethode, und zwar mit gleich- 
artigen Systemen als Sender, umkehrbarer Wandler 
und Mikrophon. Die Summe aller méglichen MeB- 
fehler betrug bis 100 kHz + 0,8 dB, der tatsachliche 
Fehler aber weniger. 

Bei Lautsprechern mit (nach hinten geschlossenen) 
Rillen in der Gegenelektrode steigt der Schalldruck 
auf der Achse bei konstanter Wechselspannung pro- 
portional dem Quadrat der Frequenz an bis zu einer 
Resonanzfrequenz, die durch die Abmessungen der 
Rillen, die mechanischen Eigenschaften und die 
mechanische Spannung der Folie gegeben ist und 
beliebig hoch in den Ultraschallbereich gelegt wer- 
‘den kann. Als Hochtonlautsprecher fiir elektro- 
akustische Zwecke sind Lautsprecher mit (hinten 
offenen) Durchbrechungen einer diinnen Elektrode 
besser geeignet. Ihr Wirkungsgrad iibersteigt bei 
gleicher Scheinleistung den von iiblichen dynami- 
schen Lautsprechern oberhalb von 5 kHz. Der 
Schalldruck steigt in einem gréBeren Frequenzbe- 
reich etwa proportional der Frequenz f, dann pro- 
portional f? an und ist schlieBlich bis zu etwa 50 
kHz fast konstant. Da die Frequenzkurve elektrisch 
leicht entzerrt werden kann und frei von Schwan- 
kungen ist, und der Preis dieser Lautsprecher sehr 
gering ist, haben deutsche Radiofabriken, wahr- 
scheinlich veranlaBt durch diese Untersuchungen, 
in den letzten Jahren Kondensator-Hochtonlaut- 
sprecher fiir hochwertige Gerate gebaut. 

Es lassen sich Mikrophone mit geschlossenen Ril- 
len bauen, deren Empfindlichkeit gleich der von 
tiblichen hochwertigen Kondensatormikrophonen 
mit Luftdielektrikum ist, d.h. 10-? V/Nm~? (1 mV/ 
wbar), deren obere Grenzfrequenz (3 dB Abfall vom 
Grenzwert bei tiefen Frequenzen) aber 50 kHz be- 
tragt. Bei einer um 10 dB geringeren Empfindlich- 
keit kann die Grenzfrequenz unter anderem durch 
eine héhere mechanische Spannung der Membran 
auf etwa 200 kHz verschoben werden. 

Der von den Lautsprechern erzeugte Schalldruck 
bzw. die Empfindlichkeit der Mikrophone steigt 
bei geringer Gleichspannung proportional zu dieser 
an, erreicht fiir Frequenzen unterhalb der Resonanz- 
frequenz ein Maximum bei 150 bis 200 Volt, und 
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fallt bei gréBeren Spannungen wieder ab. Bei man- 
chen Folien nimmt der Wirkungsgrad bei konstanter 
Spannung im Laufe der Zeit infolge von Aufladungs- 
erscheinungen ab. Dieser Effekt konnte noch nicht 
ganz geklart werden, aber es wurden Mittel zur Ab- 
hilfe gefunden und auch Folien, bei denen er ohnehin 
nur wenig auftritt. 

Der Klirrfaktor der Lautsprecher entspricht genau 
dem Wert, den man aus dem Verhiltnis von Gleich- 
und Wechselspannung und aus der Frequenzkurve 
berechnen kann. Lautsprecher mit (hinten offenen) 
Durchbrechungen in der Gegenelektrode, bei denen 
der Anstieg proportional der Frequenz und nicht 
proportional deren Quadrat ist, sind in dieser Be- 
ziehung giinstiger. Bei der Reziprozitatseichung ist 
die Umkehrbarkeit der Wandler wichtig. Sie setzt 
voraus, daB der erzeugte Schalldruck proportional 
der angelegten Wechselspannung ist. Diese Be- 
dingung ist fiir manche Folienmaterialen erfiillt, 
fiir andere nicht. 

Porenfreie Membranen der angegebenen Dicke 
sind durchschlagsfest bis zu Spannungen, die ein 
Vielfaches der Spannung sind, bei der der Wirkungs- 
grad sein Maximum hat. Bei gerecktem Polystyrol 
(Styroflex), das sich bisher als giinstigstes Material 
erwiesen hat, ist die Empfindlichkeit gegen groBe 
Temperatur- und Feuchtigkeitsinderungen sehr ge- 
ring. Mikrophone, die mit einer solchen Folie be- 
spannt sind, die durch Schrauben und Zusatzliches 
Kleben befestigt ist, und deren Gegenelektrode in 
ihrer Lage fixiert ist, zeigten bei mehreren Mes- 
sungen iiber vier Monate eine innerhalb der MeB- 
genauigkeit der Eichung von + 0,8 dB konstante 
Empfindlichkeit im ganzen gemessenen Frequenz- 


bereich. 

Diskussion 

Hotte, W.: Ist bei den Messungen der Stabilitat von Mikro- 
phonen mit Polystyrol-Membranen die Polarisationsspan- 
nung wahrend der vier Monate standig angelegt gewesen ? 

VORTRAGENDER: Die Spannung wurde nur in Abstanden von 
vier Wochen bei der Eichung der Mikrophone angelegt. 

BucHMANN, G.: Sie sagten, daB sich der Klirrfaktor aus den 
elektrischen Werten genau berechnen lasse. Die mechani- 
schen Eigenschaften der Membran miissen aber doch auch 
eine Rolle spielen. Nach meinen Erfahrungen kann der 
Klirrfaktor bei Lautsprechern dieser Art recht erheblich 
sein. 

VoRTRAGENDER: Die Ubereinstimmung mit der Rechnung gilt 
fiir kleine Auslenkungen der Membran, wie sie entspre- 
chend der Amplitudenstatistik bei normaler Modulation 
bei sehr hohen Frequenzen meistens nur vorkommen. 
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LA CONQUE ELIPSON 
UN TRANSFORMATEUR DE RAYONNEMENT ACOUSTIQUE 
par R., LEHMANN 
Centre National d’Etudes des Télécommunications, Paris 


Sommaire. Aprés avoir rappelé les difficultés d'utilisation, dans des conditions optima, d’un haut- 
parleur ordinaire, l’auteur décrit un nouveau dispositif, appelé “conque” par le constructeur, permet- 
tant d’améliorer les conditions de rayonnement des transducteurs généralement utilisés. La conque 
se compose de deux parties distinctes: a) le réflecteur, b) le résonateur. Chacune de ces parties est 
décrite du point de vue construction et du point de vue propriétés acoustiques. Pour terminer, sont 
donnés de nombreux résultats objectifs et subjectifs. 


Zusammenfassung. Nach einer Darlegung der Schwierigkeiten bei der Verwendung von Laut- 
sprechern unter optimalen Bedingungen beschreibt der Autor eine neue Anordnung, vom Konstruk- 
teur ,,Muschel’”’ (,,conque’’) genannt, die es gestattet, die Abstrahlungsbedingungen der im allgemeinen 
benutzten Lautsprecher zu verbessern. Die ,,Muschel’’ setzt sich aus zwei verschiedenen Teilen zu- 
sammen: dem Reflektor und dem Resonanz-Hohlraum. Jeder der Teile wird vom Gesichtspunkt 
der Konstruktion und der akustischen Eigenschaften behandelt. Zum Schlu&8 werden zahlreiche 
objektive und subjektive Resultate angegeben. 


Summary. After emphasizing the difficulties of using an ordinary loudspeaker under optimum 
conditions, the author describes a new type, called shell”, which gives an improvement over the 
commonly used transducers. The shell consists of two distinct parts, reflector and resonant 
enclosure each of which is described as to its construction and acoustic properties. Data are given. 
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1. Généralités 


L’utilisation maximum d’un haut-parleur 4 mem- 
brane et son montage 4 l’intérieur d’une enceinte 
présentent des difficultés. Le dispositif, appelé con- 
que ’Elipson’’, que nous allons exposer met en oeuvre 
des moyens inhabituels et les résultats obtenus don- 
nent subjectivement une impression de relief sonore. 

Ce systéme vise a obtenir des résultats de bonne 
qualité 4 partir d’un seul haut-parleur et réalise, 
d’une certaine maniére, une extension de la réparti- 
tion spatiale de l’énergie. La conque Elipson joue 
le rdle d’un transformateur de rayonnement. Elle 
a pour effet de concentrer, dans un cdne sonore 
utile, l’énergie avant rayonnée par un haut-parleur 
a membrane. 


2. Description de la conque ’’Elipson” 


Ce dispositif est réalisé en deux parties distinctes: 

a) Le réflecteur, constitué par une portion d’ellip- 
soide allongé qui assure la concentration et la diffu- 
sion du son pour toutes les fréquences supérieures 
a 800 Hz. 

B) Un résonateur basé sur les propriétés du réso- 
nateur de HELMHOLTz. 


a) Le réflecteur 

On sait que les ondes sonores subissent, comme 
les ondes lumineuses, des phénoménes de réflexion, 
réfraction, et diffraction. L’idée directrice de M. 
LEON, réalisateur de la conque, lors de ses travaux, 
fut d’appliquer 4 l’acoustique certaines caractéristi- 
ques des miroirs courbes, bien connues en optique. 
Cependant, certaines limitations interviennent par 
suite de la longueur relativement grande des ondes 


sonores. En premiére approximation, on peut ad- 
mettre que les lois classiques de la réflexion sont 
valables tant que la longueur d’onde du son émis 
demeure inférieure 4 la plus grande des dimensions 
des miroirs. 

Il existe donc, du fait méme des dites dimensions, 
une fréquence de coupure au-dessous de laquelle 
le réflecteur perd son efficacité. 

Dans le dispositif que nous présentons, le sommet 
du céne du haut-parleur est placé au foyer F de 
l’ellipsoide. L’axe géométrique du haut-parleur passe 
par le point B, sommet du petit axe de l’ellipse méri- 
dienne située dans le plan symétrique de l'ensemble 
(Fig. 1). 

Le cercle de base de la membrane s’appuie égale- 


Fig. 1. Disposition du haut-parleur dans le réflecteur de la 
conque Elipson. 
Gauche: Section par le plan symétrique. 
Droite: Vue de gauche 


ment sur la méme ellipse méridienne. Cette régle 
pratique n’a, d’ailleurs, pas un caractére impératif. 

En pratique, la portion d’ellipsoide est limitée a 
l’avant par une section plane perpendiculaire au plan 
de symétrie et sensiblement paralléle 4 la direction 


J 


4 


i 
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de FB, se raccordant a la partie inférieure avec les 
parois extérieures de l’enceinte résonante. 

L’explication du fonctionnement de la conque ne 
peut étre que schématique. Une étude géométrique, 
que nous ne présenterons pas mais qui a été faite, 
démontre le comportement du dispositif. 

D’aprés les propriétés de l’ellipse, tout rayon 
sonore issu du foyer F se trouvant dans un plan 
meéridien de la surface, y demeure. De plus, ce rayon 
passe, aprés réflexion, par le second foyer F’. Le 
foyer de concentration F’ se trouve en avant de la 
conque, et pour l’auditeur placé dans le céne utile 
rayonné, l’ensemble des sons réfléchis de fréquences 
supérieures 4 800 Hz, semble émis depuis ce foyer. 

Deux remarques sont a faire en ce qui concerne 
la nature du faisceau sonore émis aprés réflexion: 

a) Le faisceau est un céne dont l’angle d’ouver- 
ture est fonction des caractéristiques du miroir ellip- 
tique. Dans la pratique, pour :une conque de so- 
norisation, l’ouverture choisie est 45°; pour une 
écoute d’intérieur, elle est de 60°. Les formes ob- 
tenues sont respectivement celles des figures 2 et 3. 


Fig. 3. Forme d’une conque ayant une ouverture de 45°. 


B) Le faisceau n’est pas homogéne en intensité. 
Le diagramme de répartition dans un plan vertical 
est sensiblement celui de la figure 4. La figure 5 
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Fig. 5. Obtention de l’équipuissance sonore dans un local. 


met en évidence l’équipuissance sonore obtenue dans 
un local déterminé. 


b) Le résonateur 

Nous venons de voir comment la conque Elipson 
réalise une meilleure répartition spatiale des sons 
aigus. Il reste 4 examiner par quels procédés sont 
reproduites les fréquences basses. A cette fin, l’ar- 
riére de la membrane du haut-parleur est chargée 
acoustiquement par un résonateur muni d’un évent 
qui se prolonge a l’intérieur de la cavité (Fig. 6). 


Fig. 6. Constitution de l’enceinte résonante d’une conque 
Elipson. 


Quoique trés discuté, ce type de baffle permet un 
excellent rendement dans le grave sans exiger un 
volume prohibitif. Une particularité de ce montage 
réside dans le fait que l’enceinte résonante est 
constituée par deux cavités communiquant entre 
elles par une cloison dans laquelle ont été pratiquées 
des fentes; leur largeur est petite par rapport a 
l’épaisseur de la cloison, Ce systeme permet un 
amortissement variable du résonateur et assure une 
égalisation du rendement acoustique dans les fré- 
quences basses (Fig. 7). 

L’utilisation simultanée du réflecteur et du ré- 
sonateur constitue un syst¢me émissif complexe, les 
fréquences élevées étant émises au foyer extérieur 
F’ du réflecteur et les fréquences les plus basses au 
débouché méme de la membrane, en X (Fig. 1). La 
totalité du registre sonore s’étale dans l’espace entre 
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——~ Fréquence 


Fig. 7. Egalisation du rendement dans les fréquences basses 
par le résonateur; une division verticale égale 2 dB. 
----- haut-parleur 4 membrane de 21 cm avec baffle 
de 1m, 
— le méme haut-parleur avec la conque Elipson. 


X et F’. L’expérience d’un amorcage LARSEN en est 
la preuve. 


3. Résultats objectifs 


Les conditions théoriques sont vérifiées avec une 
bonne approximation comme le montrent les résul- 
tats suivants: 


a) Courbe de réponse. Dans la figure 7, on peut 
remarquer la régularité d’allure de cette courbe, 
pour l’ensemble des fréquences aigués. Avec le ré- 
sonateur, la courbe de réponse est régularisée jusqu’a 
la fréquence de résonance du haut-parleur. Comme 
il est facile de le prévoir, les résultats sont fonction 
de la qualité propre du haut-parleur utilisé. 

b) Courbe de directivité. Une courbe de directi- 
vité dans un plan de symétrie (plan vertical) du 
diffuseur est donnée dans la figure 8a pour la fré- 


+30 0 -30 =30.. 0. +30 
a b 


Fig. 8. Caractéristiques de directivité de la conque Elipson; 
une division verticale égale 2 dB. 
a) dans le plan vertical, 
b) dans le plan "*horizontal’’. 


quence 3000 Hz; le microphone de mesure décrit 
un cercle centré sur F’, On note une dissymétrie 
par rapport a l’axe du céne, prévisible d’aprés les 
propriétés géométriques du rayonnement. 

Une courbe de directivité dans un plan contenant 
l’axe du céne de rayonnement utile et orthogonal 
au plan de symétrie (plan ’’horizontal”’) du diffuseur, 
est donnée dans la figure 8b, 4 3000 Hz; le micro- 
phone de mesure décrit encore un cercle centré sur 


sité du rayonnement a l’intérieur du céne utile et son 
affaiblissement abrupt en dehors de celui-ci. 
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F’. On notera la constance satisfaisante de l’inten- 
c) Rendement. En moyenne, il a été constaté 1 
qu’un haut-parleur monté dans une conque Elipson | 
avait un rendement supérieur de 3 4 4 dB a celui © 
obtenu lorsque le haut-parleur est monté sur un ~ 
écran plan. 


4, Résultats subjectifs 


a) Relief sonore et impression de présence. Si on 
alimente le diffuseur Elipson par un oscillateur, — 
l’auditeur constate un déplacement apparent de la 
source au fur et 4 mesure que l’on parcourt le spectre — 
du grave 4 l’aigu. On obtient un véritable étalement 
en profondeur de la surface émettrice qui s’oppose 
a la quasi-ponctualité du haut-parleur classique. 
Toutefois, par la concentration de l’énergie sonore 
en une plage bien définie 4 l’intérieur de laquelle la 
répartition est homogéne, on donne 4 l’auditeur une 
certaine possibilité de repérage directionnel, d’ot 
un accroissement d’intelligibilité de la parole et la 
création d’un effet ’’de présence’. 


b) Reproduction des transitoires. A l’audition, la 
reproduction des transitoires apparait meilleure avec 
la conque qu’avec un haut-parleur monté sur baffle 
plan. 


5. Conclusions 


Tenant compte des limitations imposées dés le 
départ, les résultats obtenus apparaissent comme — 
trés intéressants. 

Dans le domaine de la sonorisation, ils égalent et 
dépassent ceux obtenus par des systémes plus com- 
pliqués et plus onéreux. 

Dans le domaine de l’écoute (de contréle ou de 
salon) sans prétendre a l’hyper-fidélité, on obtient 
une audition de qualité sans encombrement exagéré — 
et par des moyens relativement simples. 

Nous ne pouvons prévoir quel sera l’avenir des 
réflecteurs sonores, mais on peut étre assuré, d’ores 
et déja, que l’on ne devra plus les négliger. 


Discussion 


FLorIssoN, C.: En quoi est faite la conque? 

CoNFERENCIER: Les conques sont actuellement construites en 
staff, mais une fabrication en matiére plastique est actuel- 
lement 4 l'étude. | 

Smit, H. J. A.: Quelles sont les fréquences de résonance 
basse du haut-parleur utilisé et de la partie inférieure du — 
pavillon ? 

ConFERENCIER: La fréquence de résonance de la membrane du 
haut-parleur est de 80 Hz environ, tandis que la fréquence 
de résonance du pavillon est de l’ordre de 40 Hz. 
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THE APPLICATION OF THE HAAS EFFECT 


TO SPEECH REINFORCEMENT SYSTEMS 


by P. H. Parkin 
Presented by A. T. PICKLES 
Building Research Station, Garston, Watford, England 


Summary. The paper points out that, although it had long been obvious that speech re-inforce- 
ment systems using several distributed loudspeakers could be improved by arranging for the sound 
from the various loudspeakers to arrive more or less simultaneously at the listeners, it was not until 
the work of Haas that it was known how to adjust the successively arriving sounds in amplitude and 
in time sequence so that maximum realism and intelligibility were achieved. Three recent systems 
in Great Britain which apply the Haas effect are described, the most important one being that in 
St. Paul’s Cathedral, London. This last system also employs directional loudspeaker arrays (columns), 


Sommaire. On savait depuis longtemps que les systémes amplificateurs acoustiques comprenant 
plusieurs haut-parleurs répartis dans une salle pouvaient donner des résultats plus satisfaisants si 
on s’arrangeait pour que les sons émis par ces haut-parleurs arrivent aux auditeurs plus ou moins 
simultanément; mais, comme il est rappelé dans le présent article, il a fallu attendre les travaux de 
Haas pour connaitre les amplitudes, ordre de succession et retards 4 donner a ces sons pour que 
lV'intelligibilité et la sensation de réel soient optima, On décrit 3 systémes réalisés récemment en 
Angleterre et dans lesquels on utilise cet effet Haas. L’installation la plus importante est celle de la 
Cathédrale St. Paul, 4 Londres; elle comporte aussi des séries de haut-parleurs directifs, disposés en 
colonnes. 


Zusammenfassung. Obwohl seit langem bekannt ist, da8 Verstarkeranlagen mit mehreren ver- 
teilten Lautsprechern verbessert werden kénnen, wenn der Schall aus den verschiedenen Laut- 
sprechern mehr oder weniger gleichzeitig beim HGrer eintrifft, weif8 man doch erst seit der Arbeit 
von Haas, wie man die nacheinander eintreffenden Schallsignale nach Amplitude und Zeitverzégerung 
einzustellen hat, um maximale Wiedergabetreue und Verstandlichkeit zu erreichen. Es werden drei 
neuere Anlagen aus England, die den Haas-Effekt ausnutzen, beschrieben, von denen die wichtigste 
die in der St. Paul’s Kathedrale in London ist. Bei der letzteren Anlage werden gerichtete Laut- 
sprecherzeilen verwendet. 


canopy above the platform but are out of sight of 
the audience seated under the balcony. In this area 


It has long been recognised that the intelligibility 
of speech re-inforcement systems using multiple 


loudspeakers could be improved by arranging for the 
sound from the various loudspeakers to arrive at the 
listeners more or less simultaneously. The recent 
work of Haas [1] has provided some quantitative 
results for design purposes and has also demon- 
strated a hitherto unexpected fact, namely that when 
a single echo is delayed-behind the original sound 
by between 5 and 25 milliseconds, this echo has to 
be 10 dB greater in intensity than the original sound 
to be heard equally loud (Fig. 2 in ref. [1]). Sub- 
tracting an arbitrary 3 dB, we can assume that an 
echo may be up to 7 dB greater in intensity (ap- 
proximately double in loudness) and not be detec- 
table as a separate source. That is to say, the apparent 
direction of the sound will be determined entirely 
by the original source. The ’’Haas effect’’ has ob- 
vious implications in the design of speech re-infor- 
cement systems, and this paper describes three 
recent systems in Great Britain which use this effect 
to maintain realism (i.e. to maintain the apparent 
direction of the source) and to improve intelligi- 
bility. 

The first system is that used in the new Free 
Trade Hall, Manchester. Here the main loudspeakers 
are mounted in the front edge of the orchestral 


the speech is supplemented by loudspeakers mounted 
on the balcony soffit and which are delayed by inter- 
vals corresponding to the path differences from the 
platform to these areas, plus 5 to 25 ms. Their 
amplitudes are adjusted so that the sounds from 
them are not more than 7 dB greater than that 
arriving from the platform, and thus all the sound 
appears to come from the platform. Now the sounds 
from these supplementary loudspeakers travel back 
towards the platform, and, aggravated by the added 
delays, might be so far behind the original sounds 
as to be disturbing. A further Haas result shows 
the degree of disturbance to be expected from 
echoes of intensities from + 10 dB to —10 dB 
arriving at time delays of up to 160 ms (Fig. 4 in 
ref, [1]). This result enables us to decide on the 
necessary directionality of the supplementary loud- 
speakers in order to prevent such disturbance; in 
this case it was 6 dB (front-to-back ratio), 

The time delay mechanism *) in this Hall consists 
of a rotating tufnol disc coated on the edge with a 
magnetic material. The heads are spaced 0.025 mm 
away from the edge and there is therefore no wear. 


1) Electric and Musical Industries Ltd. 
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A more elaborate system is that installed in St. 
Paul’s Cathedral [2]. Here the problem was to re- 


inforce speech from the altar, the pulpit and the | 


lectern; the horizontal distance to be covered, in 
the case of the altar, was about 110 m, under very 
reverberant conditions. At each of three speech 
positions a loudspeaker column 3.3 m long was used, 
supplemented by shorter columns down the nave. 
Thus when the pulpit (or lectern) is used, the pulpit 
column is in circuit and the first pair of nave loud- 
speakers are delayed and their amplitude adjusted 
so that the sound from the pulpit arrives first (by 5 
ms) and so that the intensity of the sound from the 
nave loudspeakers is 7 dB greater than the sound 
from the pulpit column. The second and third pairs 
of nave loudspeakers are similarly delayed (by 10 
and 15 ms respectively) but it was found that the 
reference intensity could be taken as that arriving 
from the first pair of nave loudspeakers. Thus greater 
gain was possible, and because for a listener at the 
rear of the nave the first pair of nave loudspeakers 
is in the same direction as the pulpit, the visual 
influence is sufficient to give the impression that 
all the sound is coming from the pulpit. For speech 
from the altar, the altar column is the prime source 
and the pulpit and lectern columns are both on at 
appropriate amplitudes and suitably delayed; the 
delays on the nave columns are also adjusted suitably, 
all these operations taking place automatically when 
the altar microphone is switched on by the operator. 


It might be mentioned that columns which were long 
enough to be sufficiently directional at the lower frequencies 
were too directional at the high frequencies. Several types 
of column were tried in order to overcome this difficulty; 
the most satisfactory arrangement was found to be to use 
two parallel lines of loudspeakers in each column, one line 
being the full length of the column and the other line being 
one quarter the length, with a cross-over network operating 
at 1000 c/s. This arrangement had the added advantage that 
the small loudspeakers (8 cm diameter) used for the high- 
frequency line were not significantly directional in the hori- 
zontal plane. 


Although the main purpose of the time-delays in 
this cathedral was to maintain realism, the intelligi- 
bility was considerably improved. At the rear end 
of the nave the word-intelligibility in the empty 
cathedral (reverberation time 114 s at 500 c/s) was 
85% with delays, compared with 52° when un- 
delayed. 

The third system is that installed in Harringay 
Arena, London. This arena is oval in plan and is 
used for a variety of purposes. Two apparent sources 
of sound are required, the first being at one end of 
the arena (e.g. when used for ice-shows) and the 
second being at the centre (e.g. when used for boxing 
matches). Some 60 loudspeakers are suspended above 
the audience at the points of intersection of two sets 
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of concentric circles centred at the two apparent 
sources, and the time délays and amplitudes are 
adjusted depending on the source to be used. The 
transition from one source to the other can be made 
in ten minutes. 

The delay mechanism ') used in St. Paul’s Cathe- 
dral and in Harringay Arena consists of a rotating 
disk of plastic magnetic material extending beyond 
the periphery of a supporting turntable. The heads 
are in contact with this annulus, and when the disk 
becomes worn (the minimum life is 500 hours) it 
can be replaced in two minutes at the cost of a few 
shillings. 

All these systems have been designed on the basis 
of the original Haas results, and have proved satis- 
factory in use. More recent work (as yet unpublished) 
using multiple echoes may modify slightly the 
original results, but probably only to make the 
design criteria less critical. 


This paper is published by the permission of the 
Director of Building Research. 
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Discussion 


Gayrorp, M. L.: Did you encounter any trouble in the mag- 
netic disc delay unit due to head wear, as the magnetic 
material is in contact with the faces of the heads. 

Lecturer: The pressure of the material on the heads was very 
slight, and no trouble has been caused by wear on the 
heads although, as mentioned, regular replacement of the 
magnetic discs is needed. 

Hunt, F. V.: It would be interesting to compare the sound 
decay curves obtained with the source at the normal position 
of the speaker, and with the re-inforcement system first 
off and then on. Differences in the shape of the initial 
portions of the decay curve should be of assistance in the 
interpretation of curves obtained in smaller rooms. 

Jorpan, V. L.: With a delay system the start of the decay 
period would show an abrupt fall after the arrival of the 
direct and time-delay sounds, while with an un-delayed 
system there would be more steps in the falling-off of the 
reverberation curve. 

The Lecturer agreed with Dr. JorpaN, and regretted that 
it had not so far been possible to take pulse photographs 
in any of the auditoria decribed. 

Becun, S. J.: What is the reverberation time of a room in 
which a time-delay system is installed? 

Lecturer: In view of the comparative length of any rever- 
beration time compared with the milli-second changes due 
to a time-delay system, one would not expect any appre- 
ciable change in the reverberation time averaged in the 
usual way over a decay of at least 30 dB. 

CreMER, L.: In a new concert-hall in Munich I have installed 


1) Pamphonic Reproducers Ltd. 
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in the ceiling two groups of loudspeakers for speech re- 
inforcement, with time delays of different magnitude, over 
the rear stalls and over the balcony. An echo could be heard 
near the platform if the amplification was not adjusted to 
the correct loudness-level. After installing a third group 
in the ceiling near the stage working without artificial but 
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even at some higher loudness-level. 


soon present the complete facts. 


SOUND-REFLECTING SURFACES 


by F. W. J. ScHwEIGMAN 
Berkenheuveldreef 1, Vught, Netherlands 


Summary. The human voice of average power can be well heard and understood by an audience 
larger than usually taken for granted, if the sound energy is well utilized by reflection of walls, ceiling 
and partitions. It is possible to design the reflecting surfaces in such a manner that for all listeners 
the sound level and intelligibility have the same value, independent of the varying distances from the 
speakers. 


Sommaire. La parole humaine de puissance moyenne peut étre entendue et bien comprise par un 
auditoire plus grand que celui admis généralement si on utilise toute l’énergie sonore grace 4 la ré- 
flexion sur des murs, plafonds, planchers et cloisons. Il est possible de prévoir les surfaces réfléchis- 
santes de facon que le niveau sonore et l’intelligibilité soient les mémes pour tous les auditeurs, quelle 
que soit leur distance au conférencier. 


Zusammenfassung. Menschliche Sprache von normaler Lautstarke kann in einem Saal viel weiter 
geh6ért und verstanden werden, als man gemeinhin annimmt, wenn die Schallenergie durch Reflexion 
an den Wanden, an der Decke und an Zwischenwanden nutzbar gemacht wird. Es ist méglich, die 
reflektierenden Flachen so zu konstruieren, daB fiir alle Horer unabhangig von ihrem Abstand vom 
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with this small natural time-delay the echo was suppressed 


LECTURER: The original Haas results, based on a single echo, 
will probably be modified a little when more than one 
echo is present, and I hope that Professor MEYER will 


Sprecher Schallpegel und Verstandlichkeit gleich sind. 


The most simple case of application of sound- 
reflecting partitions arises when there is only one 
source of sound, located in a fixed, unvariable place. 
This situation occurs e.g. in an auditorium with a 
cathedra, or in a church with a pulpit. 

Let us suppose that each sound wave, or rather 
sound ray, after striking a surface, is reflected 
towards the audience. Let us also assume that this 
audience is perfectly absorptive, and that there is 
no place in the audience where*the reflected sound 
arrives more than 1/16 s after the arrival of the 
direct sound. Then all emitted sound energy would 
be received by the audience without influencing or 
disturbing the audibility or the intelligibility by 
reverberation, 

In each point of the audience the sound intensity 
I consists of two parts, the direct and the reflected 
sound, Thus: 


T= I gir + Tres: 


Should it be possible to design the surfaces so as 
to make J constant for all points of the audience, 
then the distribution of the sound energy would 
be most favourable. The sound level would be equal 
for all listeners, and therefore the intelligibility too, 
at least if noise level and rest-reverberation are also 
equal for every listener. 

First of all we shall calculate the value of this 
sound level in a space of given dimensions, with a 


source of sound of a given power; next we shall 
examine how large these dimensions may be that 
the audibility of the source is still sufficient. 

This source may be the human voice with a power 
of 35 uW; we assume that the audience fills a semi- 
circular space, the source being placed in the centre. 
The source is supposed to be elevated to a height a 
above the horizontal plane of the audience. For this 
horizontal plane we choose polar coordinates p and 
B, the centre being.the vertical projection O’ of the 
source O. Using spherical coordinates for the fixation 
of the direction of an emitted sound ray and denoting 
the power emitted per unit of solid angle in a 
direction 0, y by E, we obtain 


2x 


| J Esin 6 dé dp = 35 x 10-8 W. 
0 0 


If the sound intensity J is the same for all points 
of the audience, then 


Brax po a 
( —————— — —6 
rf / Tor PPB = 35 x 10 W. 


Now for our simple shape of auditorium py = Din 1 
= constant, and Bmaz — Bmin =}; therefore the 
equation becomes after integration 


clo pay lt 


FS 
aza(Vp,? + a& — Vp? + a?) 
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From this we can calculate now the value of the 
constant intensity J in its dependence on the maxi- 


mum distance p,; the result is as shown in the Table. . 


TABLE 


The intensity, sovnd level ond number of persons seated as 
a function of p,; for comparison the equivalent open air 
distance p,. 


sound number 


Pe 4 level of Fe 
m W/m dB oe m 
20 40.5 x 10-8 56.1 750 4.7 
40 16.5 B22 3000 7.6 
60 10.4 50.2 6700 10.0 


We have calculated the number of auditors in a 
full house, assuming that this number equals 1.2 x 
the gross area in square meters. a has been put equal 
to 2m, p, to 6m. 

The computed values of the sound pressure level 
seem to be rather low. We must not forget, however, 
that the mere sound level is not a standard for the 
intelligibility, and that we assumed that the emitted 
sound rays, due to one and the same sound impulse, 
do not arrive at a point of the audience with intervals 
larger than 1/16 s. In this favourable condition the 
sound level needs not to be 60 dB or even more, 
but a lower value will’'do. This can be made clear 
by introducing the equivalent open air distance p, 
(last column of the Table). p, is defined as the 
distance in the open air (i.e. no reflections at all) for 
which the intensity at the listener equals the inten- 
sity previously found (reflectors being present; see 
column 2 of the Table). It can be computed from 
the well-known formula for the direct sound: 
I= E|(p? + a’). E can be obtained from the total 
power of the source and the well-known directivity 
characteristics of the human voice. 

E.g., a sound level of 52.2 dB (3rd column) is not 
high, but the listening conditions being very fa- 
vourable indeed, the situation is undoubtedly com- 
parable with the open air situation of the same in- 
tensity, i.e. at p, = 7.6 m, and at this distance the 
intelligibility is certainly not insufficient. 

However, we may not give too much weight to 
the numbers given jn the table, for we have left 
too many factors out of consideration. In the first 
place we assumed that the total power output of the 
source could be utilized without any loss; but this 
is impossible. There will always be a certain amount 
of energy, which cannot be used as planned. Then 
the atmospheric absorption has not been taken into 
account; this absorption may not be neglected for 
the higher frequencies and for distances somewhat 
over 15 m. 

Two more points were left out of consideration 
in our calculation. We started from the distribution 
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of the total energy output over the different direc- 
tions. But this average distribution has no real 
meaning, for in reality the distribution depends 
strongly on the frequency. Therefore the distribution 
of the energy over the frequency range should be 
taken into account, as well as the contribution of 
the frequencies to the intelligibility. Lastly we have 
neglected the attenuation of the sound, travelling 
over the highly absorptive surface of the audience to 
the rear of the auditorium. 

Only the first two factors (inevitable loss of energy, 
and atmospheric absorption) will cause a decrease 
of the maximum value obtainable of the constant 
sound level, The other factors have an influence on 
the design of the reflecting partitions. 

For all the above mentioned reasons the numbers 
of the Table can give at best a qualitative picture, 
but do not give exact values of the actual sound level. 
But even if the necessary corrections were made, yet 
the calculated value of the sound level would not 
be a reliable standard for the intelligibility, for the 
inevitable noise level will reduce this intelligibility. 

The above mentioned equivalent distance may be 
of use in this respect however. For it is known by 
experience at what distance the auditor can hear 
sufficiently well the speaker facing this listener, and 
speaking with an average power output of 35 uW, 
the noise level being 35 dB. If both speaker and 
listener are located in the open air on a highly 
absorptive field so as to avoid increase of the audi- 
bility by reflected sound, then at a distance of 9 m 
the listener will be able to hear the speech without 
effort. Now we can calculate the maximum audience 
for which the constant sound level equals the value 
of the open air sound level at a distance of 9 m from 
the speaker. 

If the power emitted within a solid angle of 
0.6 X 42 steradians can be utilized (the power in 
the remaining angle 0.4 x 42 steradians being lost), 
the atmospheric absorption being taken into account 
by a loss of 0.2 dB per 10 m, then the result is that 
the maximum audience amounts to 2700 listeners. 

That is why we maintain that for an audience of 
less than 2700 persons the human voice need not be 
amplified, if at a distance of 9 m in front of the 
source the speech can be heard well. This conclusion 
assumes the possibility of obtaining a constant sound 
pressure level by means of reflecting partitions and 
it must now be examined whether this indeed is 
possible. So we have to answer this question: Can 
a possible design of walls, reflecting partitions and 
the like have the result that for each place in the 
audience the sound level, as well as the intelligibility, 
has the same value ? 

For the design of the shape of these surfaces we 
choose spherical co-ordinates r, 6 and wp, the source 
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of sound being at the centre. Should there be an 
answer in the affirmative to this question, then it 
must be possible to have the equation of the surface 
r =f (0, y) derived from the following condition of 
constant intelligibility: 


Ear 


Pit, an E es, Sin 0 dé dy 
p+a 


a = constant. (2) 
Vere Pe 


Now E,;, depends on p and f for several reasons: 
the emitted power varies with the direction from 
the source; the attenuation due to atmospheric ab- 
sorption depends on the distance p, as well as the 
attenuation caused by the absorption of that part 
of the audience for which the distance from the 
source is smaller than p. In the same way E,.+, de- 
pends on 0, 9, p and f. Therefore eq. (2) can be 
written 


te (p, B, 9, p) = 0. (3) 
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The sound, emitted into the direction 0, y from 
the source, will strike the wall or reflecting partition 
at the point r, 6, y. This sound is reflected towards 
the point p, B of the audience; therefore the position 
of the tangent plane at the point r, 0, » is deter- 
mined by these five co-ordinates. 

This position of the tangent plane is also deter- 
mined by the partial derivatives of r. 


or 
Hence 00 = fh G; 6, YP) DP» 6) (4) 
d ere 5 
an Op ae he (r, 0, Y, P> p). (5) 


Thus we have three independent equations, and 
three unknowns, namely p, 6 and r. Therefore it is 
theoretically possible to determine r as dependent 
of the independent variables 6 and ¢. 

It lies beyond the scope of this paper to go into the 
details of the practice of these calculations. This 
method of calculation has been applied to the design 
of sound-reflectors above the pulpit in churches. 


SECTION III 
ACOUSTIG MEASUREMENTS 


GENERAL REVIEW 


by L. L. BERANEK 
Massachusetts Institute of Technology, Cambridge, Mass. 


1. Introduction 


In his opening address, Professor Bott ably sum- 
marized the early work in electro-acoustics, and 
pointed out the close relation between bio-acoustics 
and physical acoustics. It will not be necessary, 
therefore, for me to repeat the historical material. 
I shall confine my review to developments during 
the current decade. 

Acoustical measurement techniques have been 
advanced, during this decade, to yield greater preci- 
sion and to cover a wider range of applications than 
ever before. Measurements on both physical and 
psychological quantities are performed in many la- 
boratories of acoustic research. We are able to specify 
with considerable accuracy the properties of a sound 
wave, not only in terms of its intensity but also in 
terms of its spectrum, its wave form, its phase 
characteristics and, in some cases, the response it 
evokes from an average listener. 

Our most. rapid progress in the field of acoustic 
measurements was made after the miniature con- 
denser microphone became available on a wide- 
spread basis. With a stable microphone of this type, 
accurately calibrated as a function of frequency, we 
were able to discuss with confidence the properties 
of microphones and loudspeakers, and to specify 
reliably the stimulus delivered to the listener. 

Our next important advance in measurement was 
in making widely available filter sets with band 
widths of an octave, half-octave or third-octave. 
Such filters are now widely used for analyzing the 
behaviour of sound in buildings and for specifying 
the spectra of noise fields. 


With accurately calibrated microphones and ana- 
lyzers we can determine the power output, the fre- 
quency spectrum and directivity characteristics of 
noise sources. A quantitative specification of these 
noise source characteristics gives us essential infor- 
mation for acoustical engineering design. We can 
now proceed on a solid physical basis, taking into 
account all of the energy that is produced by a noise 
source ina bounded system. We can readily under- 
stand, in terms of total power, why it is enormously 
simpler to quiet the spoken voice which has a power 
output of about 10-> W, than to quiet a jet aircraft 
engine with a power output of 10* W. 

Even within the past five years it has become 
easier to determine, in a routine engineering analysis, 
the wave form and time pattern of a complex sound. 
This we do now with a cathode ray tube fitted with 
a camera that produces a developed picture within 
a minute after the event. 

Suppliers of high quality equipment have in 
recent years brought out more reliable graphic level 
recorders, improved vibration pickups, smaller 
microphones, versatile electronic noise sources, and 
associated oscillators, amplifiers and calibrators, 
Research laboratories can therefore devote much 
more of their effort to acoustic studies per se, without 
diluting their work with routine construction of 
equipment. 

In many types of electro-acoustical engineering 
problems we must know as much about the listener 
as we do about the source. As a matter of economy, 
one should not over-design in noise control or in 
refinement of an auditorium. One should match the 
noise condition or the acoustic design of a room as 
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closely as possible to the dictates of the observers 
and their ears.. 

This practical need has stimulated the interest 
of workers in psycho-acoustics, and they, in turn, 
using improved measurement techniques and equip- 
‘ment, have begun to establish damage-risk levels 
for the ear, speech interference levels, permissible 
echo levels, permissible reverberation times, neigh- 
bourhood annoyance levels and other criteria for 
acoustic design. 

With a knowledge of the characteristics of the 
source and the tolerance limits of the listener, we 
can obtain directly the amounts by which the noise 
or the reverberation must be reduced. Here again, 
recently obtained information on the acoustic be- 
haviour of building structures, mufflers and atmo- 
spheric attenuation assists us in designing structures 
that provide required noise or echo reductions at 
reasonable cost. 

At this great Congress, during the coming days, 
we may expect to receive new information that will 
advance our ability to measure and to evaluate 
acoustic problems on a wider scale. In this intro- 
ductory survey for Section III, I shall make some 
comments on technical developments in acoustic 
measurements, and also suggest some of the direc- 
tions in which I believe major research efforts should 
be pointed in the near future. 

The most difficult measurements are those involv- 
ing the reaction of human beings to physical stimuli. 
Because of the difficulties inherent in this type of 
experimentation, determination of basic psycho- 
acoustic function has lagged behind physical meas- 
urements and constitutes one of our most urgent 
needs. Accordingly, the first part of this paper is 
devoted to some of the problems that exist in the 
psycho-acoustic field. After that we shall discuss, 
in order, noise measurement, acoustic impedance 
measurement and mechanical impedance measure- 
ment. 


2. Psycho-acoustic measurements 


Let us start at the basic level with a discussion 
of audiometric measurements. A paper on this 
subject appears in Section IV of these meetings. 
Currently, the standard audiometric threshold of the 
United States is higher than the proposed standard 
threshold of England by about 10 dB. The differ- 
ences are hard to explain but there is every reason to 
believe that they depend upon measuring techniques, 
and not upon national differences in the population. 

The American threshold curve is the result of 
national hearing surveys performed on subjects who 
volunteered for tests. The British data were taken 
on selected subjects both at the National Physical 
Laboratory and at the R.A.F. Central Medical 
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Establishment. It is also well known that laboratory 
tests in the United States of America yield a thresh- 
old curve more in conformance with the proposed 
British curve than did the U.S. Public Health and 
World’s Fair Surveys, just mentioned. 

Difficulties very likely arose in the American 
surveys from the type of people who volunteered 
for tests. It may be that people with some hearing 
loss are more likely to volunteer than those with 
no hearing loss, and therefore that subjects selected 
on. a random sampling basis (from the general popu- 
lation) would make for more significant tests. 

The background noise levels at the time of meas- 
urement also affected the results of the measurements 
in the two countries. Indeed, it seems to me to be 
a necessary part of every audiometric experiment to 
produce an identical, reproducible and fully speci- 
fiable noise background at the ears of the subject. 
It would seem to be unreasonable to say that the 
low British threshold is the ’right” one if to obtain 
it hearing loss must be measured under abnormally 
quiet conditions that do not exist in the best concert 
halls, theatres, offices or average homes. A survey 
of background noise conditions in such locations 
might be made and used in establishing a standard 
noise background for audiometric measurements. 

Of equal importance in assessing the difference 
between the British and American thresholds is the 
behaviour of the earphone on a listener’s ear. Anyone 
who has measured sound pressure levels in the ear 
canal as produced by a particular earphone knows 
that the values fluctuate by 5 to 20 dB from person 
to person at both high and low frequencies due to 
the size of the pinna, the size of the ear canal and 
the tightness of the seal against the head. This 
variation can be reduced by proper choice of ear- 
phone cushion and by using a driving unit that has 
low acoustic impedance. However, it seems reason- 
able that the most effective solution would be to 
attach a flexible probe tube microphone permanently 
to the earphone that would sample the sound field 
in the outer ear canal and would give the experi- 
menter a more precise knowledge of the physical 
stimulus. 

We ought now to re-examine our position and to 
adopt a more nearly correct international standard 
threshold curve for use in audiometric measure- 
ments and as a base for equal-loudness contours. 


The question of a loudness scale in sones as a 
function of loudness level in phons also needs re- 
examination. It would seem to the average scientist 
that, given a competent psycho-acoustician to 
perform te task, it would be a straightforward 
endeavour to determine a loudness function for a 
1000 c/s pure tone, Recently, however, a clash has 
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occurred between the original results of FLETCHER, 
STEVENS et al. and some new results of GARNER in 
the U.S.A. Two loudness scales now exist, purport- 
ing to be the same thing, that at first glance hardly 
seem to resemble each other. 

Part of the difference seems to arise from a well- 
known difficulty. On the one hand, the subject in 
a listening experiment must not be told too much 
about how he is to react to the stimulus because 
he may only parrot the answer that the experimenter 
wants. On the other hand, the experimenter must 
so instruct and interrogate the subject that he knows 
that the judgement rendered is pertinent. Let us 
look at this a little more closely. 

Basically there are at least two techniques that 
are used for determining a loudness function. One 
is to ask the listener to increase or to decrease the 
loudness of a tone of a given frequency by factors 
of two, four, or ten. The other is to ask the listener 
to divide the interval between two tones of the same 
frequency, but of different intensities, into two to 
four parts of equal incremental loudness. The tech- 
nique of equal ratios of loudness was used by 
FLETCHER and STEVENS et al. and their colleagues, 
while the technique of equal increments of loudness 
was used by GARNER. The more sound technique is 
believed to be that used by GARNER. 

GarNER’s subjects might possibly be confused 
between equal interval judgements and equal ratio 
judgements so that neither type of scale emerges in 
the averaged results, but rather something in be- 
tween. It is also possible that his results might be 
obtainable from the equal ratio experiments if the 
subjects were properly instructed. 

It is interesting to note that both loudness scales 
reliably permit determination of the loudness level of 
a groop of tones, given the loudness levels of the 
component tones. 

There are other branches of psycho-acoustics in 
which better subjective measuring techniques are 
needed. In the American literature there will soon 
appear tentative information on damage risk to 
hearing and on the annoyance of certain sounds. 
These are matters of international interest. We are 
also greatly interested in such subjects as criteria 
for musical quality in sound systems and criteria 
for the design of auditoriums and listening rooms. 
We urgently need better techniques for measuring 
subjective responses to stimuli involving noise, 
music and other complex sounds. In Section I of 
this Congress we shall hear a paper on the subjective 
assessment of quality standards, which should be 
of interest to many of us. 

It might be pointed out that studies of subjective 
factors are particularly difficult because the human 
mechanism does not obey the laws of a linear system 
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in which superposition holds. For example, one may 
set up a mathematical model. for explaining the 


_ ability of an individual to detect the presence of a 


pure tone in a background of random, white noise. 
This model leads to the so-called ’’critical bands” 
theory of hearing. However, when other types of 
stimuli are applied to the ear, this mathematical 
model fails, as for instance, in cases where transient 
sounds or complex sounds are involved. 

Perhaps inclusion of this discussion of psycho- 
acoustic measurements in this review may encourage 
a few young scientists to work in this field. The 
discussion might also be useful as supporting evi- 
dence in a request for funds to support this type of 
research. The field of psycho-acoustics is not one 
in which either the physical scientist or the psy- 
chologist can work alone. Close co-operation between 
physical and psychological scientists is necessary if 
effective advances are to be made in reasonably short 
periods of time. 


3. Measurement of sound pressure levels 


Second only in importance to the previous topic 
is the necessity for microphones that will measure 
airborne sounds: 


1. with frequencies up to 50 000 c/s; 

2. with sound pressure levels up to 200 dB; 

3. with wind velocities up to 100 m/s; 

4, with ambient temperatures up to 500 °C; 

5. with ambient pressures from as low as one tenth 
of an atmosphere to as high as 10 atmospheres. 


In regard to the first item above, we note that 
the response of present microphones is generally 
quite low at 50000 c/s. This results from one of 
two situations: Either the microphone has good 
sensitivity, and the resonance frequency f, of the 
microphone diaphragm is low so that response 
decreases above f, by 12 dB per octave; or the 
microphone diaphragm is made very stiff so as to 
raise the resonance frequency, in which case the 
sensitivity is also very low. 

A possible solution to a better high frequency 
efficiency is to develop, by means of active networks, 
a microphone with a diaphragm whose acoustic 
impedance as viewed from a plane wave is as near 
the characteristic impedance oc of air as possible. 
In this manner, the response can be held constant 
with frequency and the output can be made high. 

As to the second item, sound pressure levels as 
high as 200 dB can now be measured with currently 
available microphones. These microphones are of 
the condenser type and appear to be more rugged 
than earlier types, although the stability of their 
calibrations over a wide range of ambient tempera- 
tures and ambient pressures has yet to be determined. 
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In regard to item 3, sounds must often be meas- 
ured outdoors under conditions of moderate and 
gusty winds. Although many types of windscreens 
have been shown in the literature, almost no system- 
atic investigations of the sources of noise around 
microphones and the factors of scaling in the design 
of windscreens have been reported before now. In 
the first paper of Section III this afternoon, we 
shall learn the results of one systematic study in- 
volving spherical and cylindrical screens around 
pressure microphones. 

At higher steady wind speeds, some tentative 
studies have shown that a section of symmetrical 
aerodynamic foil, or a teardrop construction with 
the microphone located at the blunt end at the point 
of stagnation, leads to the best results. In this case, 
a sintered metal cover over the microphone, moulded 
to preserve the shape of the enclosure appeared to 
give the best results. Further research on this type 
of microphone enclosure for high-speed steady wind 
streams is badly needed as there are not even quali- 
tative data on their performance above 50 m/s. 

To measure sound in the last two catagories, 
microphones for operation at high temperatures and 
with high and low ambient pressures are necessary; 
these are used for investigation of the noise in engine 
cylinders, in exhaust systems, and in engine test 
chambers. Here microphones must operate at tem- 
peratures up to say 500 °C and pressures between 
0.1 and 10 atmospheres. Probably this is not a 
difficult design task with such materials available as 
stainless steel and other alloys. Nevertheless, the 
need exists for microphones that will reliably meas- 
ure sound pressures in such widely varying condi- 
tions of operation. 


4. Measurement of acoustic impedance 


Much has been written on the subject of acoustic 
impedance measurement, yet very few laboratories 
report results because of the difficulties of taking 
data and of reducing them to the desired form. The 
three most common impedance measuring techni- 
ques involve probing a standing wave, measuring 
the complex pressure in front of the sample for two 
known impedances as well as for the unknown 
impedance so as to eliminate the source effects. The 
standing wave method involves a long tube which 
is large and slow to use and with which the necessary 


calculations are quite tedious. The short-tube 


method requires accurate measurement of the sound 
pressure in amplitude and phase before and after 
adding the sample, and it involves assumptions about 
the constancy of output of the acoustic source used. 
The comparison-impedance type of measurement 
eliminates the source, but it results in equations that 
are difficult to manipulate. In other words, the 
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present methods are cumbersome to use or are too 
approximate to make measurement of acoustic im- 
pedance a usual, rather than an unusual, procedure. 

During these meetings we shall hear papers in 
Section III from the Netherlands, Great Britain, 
Denmark and the U.S.A. on the short-tube and the 
comparison-impedance methods of measuring acous- 
tic impedance. These papers will probably shed light 
on the road toward continuing research. 


There is justification for the opinion that we shall 
not find widespread use for acoustic impedance 
measuring equipment until we develop a microphone 
that will measure simultaneously, as near a point as 
possible, the sound pressure and the particle velocity. 
The measurement of these quantities is not an 
unusual matter, except that stability of both ampli- 
tude and phase over a wide frequency range for both 
particle velocity and sound pressure has not been 
achieved. Ribbon microphones for measuring par- 
ticle velocity do not possess phase stability, as was 
demonstrated by FrrESTONE and CLAPP over a decade 
ago. Pressure microphones of the condenser type 
are stable if properly designed. Perhaps the answer 
to a stable microphone for measuring particle 
velocity is to use a condenser microphone of the 
pressure gradient type such as was developed in 
Germany some years ago. 

If stable microphones for measuring pressure and 
particle velocity are available, we need only a circuit 
to take the ratio of pressure to particle velocity and 
a phase meter to measure differences of phase angles 
in order to determine acoustic impedance. 

With the same transducers, the product of pres- 
sure and particle velocity could also be measured 
and from it and the phase angle would come the 
acoustic intensity and the reactive power per unit 
area. 


5. Measurement of mechanical impedance 


Noise is often produced by vibration of mechanical 
devices or parts of such devices. Before we can 
reduce this noise, we should measure the vibration 
characteristics of the device and then we should 
prescribe corrective measures on the basis of the 
data. To make the measurements, we need suitable 
instruments, 

Modern vibration meters have been in use for 
the past 25 years. They measure, in general, the 
vibration displacement, velocity or acceleration. The 
results obtained with these instruments are, however, 
of only limited value. 

A relatively undeveloped type of measuring in- 
strument is one for determining the ratio of force to 
velocity at a point in a mechanical system. An in- 
creasing number of noise problems require a high 
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degree of reduction of mechanical vibration. One 
way of decreasing mechanical vibration is by trial 
and error using vibration isolators and damping 


materials wherever deemed necessary. Another, and 


the more basic way, is to determine separately the 
vibration characteristics of the source, the transmitt- 
ing path and the receiving mechanism, and to 
deduce logically from this information the most 
economical ways for reducing the vibration at the 
ultimate point of reception. 

For example, a different type of vibration isolating 
mount is necessary beneath a motor to reduce the 
vibration transmitted into a supporting structure 
by 20 dB if the motor stands at a point of low 
mechanical impedance than if it stands at a point 
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Just as we need a simple, high-speed method for 
measuring acoustic impedance, we must also develop 
asimple, high-speed method for measuring mecha- 
nical impedance. There is also a need for force 
measuring devices that can be inserted easily 
between parts of a mechanical system. 


6. Concluding remarks 


In the previous sections of this paper four branches 
of electro-acoustics have been mentioned: psycho- 
acoustics, physical acoustics, and instrumentation 
for measuring sound and mechanical vibrations, In 
each of these branches lie rich opportunities for 
research. We may look forward to many more con- 
gresses before the possibilities of new advances have 
been exhausted. 


of high mechanical impedance. 


NOISE IN CONDENSER MICROPHONES 


by A. G. TH. BEcKING and A. RADEMAKERS 
Philips Research Laboratories, Eindhoven, Netherlands 


Summary. It is pointed out that the mechanical resistance, used for damping a simple mechanical 
oscillator, acts as the source of a fluctuating force with spectral intensity 4RkT. In the case of a 
condenser microphone this results in a noise pressure on the diaphragm, which lies in the region of 
audible sound pressures. Experimental results, obtained with two microphones, agree well with the 
theory. 


Sommaire. La résistance mécanique qu’on emploie pour amortir un oscillateur mécanique se 
comporte comme une source de force fluctuante ayant une intensité spectrale de 4RkT. Cela veut 
dire que, dans le cas d’un microphone condensateur, il s’exerce sur la membrane une pression de 
bruit qui est de l’ordre de grandeur des pressions sonores audibles. Les résultats expérimentaux 
obtenus avec deux microphones cadrent bien avec les résultats théoriques. 


Zusammenfassung. Der mechanische Widerstand, den man fiir die Dampfung eines mechani- 
schen Oszillators braucht, erscheint als Quelle einer Rauschkraft mit der spektralen Intensitat 4RkT. 
Im Falle eines Kondensatormikrophons bedeutet dies einen Rauschdruck auf die Membran, der im 
Bereich der hérbaren Schalldriicke liegt. Ein experimenteller Nachweis an zwei Mikrophonen ergibt 


gute Resultate. 


In general the combination of a microphone and 
an amplifier shows a certain output noise voltage, 
setting a lower limit to the sound pressures which 
can be discerned by the microphone. 

An important part is played in this respect by the 
input stage of the amplifier, but the microphone 
itself acts also as a source of noise. In the case of 
electrodynamic microphones for instance, with a 
sensitivity of about 1.5 - 10-2? V/Nm=~ (1.5 mV/bar) 
at a resistance of 10 000Q, the r.m.s. noise voltage 
of the microphone, calculated from the resistance 
value, is about 1.5-10-*V, or 60 dB below the 
output voltage at 0.1 N/m? (1 wbar). In practice 
this is of the same order as the noise of the input 
stage of the amplifier. 

In the case of condenser microphones the pro- 
blem is more complicated. The microphone at zero 
sound pressure is often considered as a fixed con- 


denser, only influencing the noise of the input stage 
by its capacity. Yet a condenser microphone has a 
self-noise, and in the following we shall show that 
it is of the same order of magnitude as that of the 
above mentioned electrodynamic microphone. 

In order to point out where this self-noise origi- 
nates from, we will consider the behaviour of the 
membrane somewhat closer. Below and in the 
neighbourhood of the first resonance frequency it 
may be looked at as a simple harmonic oscillator, 
with a suitable damping applied to it, in order to 
eliminate the resonance peak. Only a small part of 
this damping can be given by the radiation resistance. 
Most of it must be introduced artificially and this 
is normally done by taking advantage of the motion 
of the air behind the diaphragm (Fig. 1). As this 
moves to and from the electrode, part of the air 
in the narrow gap must flow to and from the slots 
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Fig. 1. Cross-section through the microphone. 


or holes and because of the narrowness of the gap 
this motion gives rise to a friction which can be 
made sufficient to smooth out the resonance peak. 
It can be shown now that this mechanical re- 
sistance is the source of a noise force just as an 
electrical resistance is the source of a noise voltage. 
We will illustrate this in Fig. 2 which shows a well- 
known electromechanical analogy. Fig. 2a gives a 
schematic diagram of our damped mechanical os- 
cillator, Fig. 2b a damped electrical oscillator. 
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Fig. 2. Diagrams and differential equations for simple 
mechanical and electrical oscillators. 


The differential equations for the amplitude of 
the diaphragm and for the charge of the condenser 
are the same. In the electrical case it is well-known 
that the theory of fluctuations leads to a noise 
voltage, with spectral intensity 4RkT in series with 
the resistance R, so that the differential equation 
must be completed with the last term Ey. The 
electromechanical analogy now requires the intro- 
duction of an extra term of the same form in the 
mechanical equation: a fluctuating force Fy with 
spectral intensity 4RkT appears in parallel to the 
external force F, In the case of the microphone this 
fluctuating force means a noise pressure on the 
diaphragm, with a flat frequency characteristic, and 
this will produce an electrical noise output with the 
same spectral distribution as the normal frequency 
characteristic of the microphone. 

To give an idea of the order of magnitude of 
this pressure we will consider a high quality con- 
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denser microphone as used in the Philips Labora- 
tories. The diaphragm has a mass M = 10-> kg 
(10 mg) and an area A = 1,8- 10-4 m? (1.8 cm2), 
The resonance frequency is laid at v) = 14 000 c/s, 
which means a stiffness S = 8-104 N/m. The 
damping is nearly critical, hence 


R=14S/2a7,= 1.3 N/ms-+. 


From this value of R we find for the r.m.s. noise 
pressure over the frequency range 0 --- 14000 c/s: 


Da 120) Om ING m2 10s ban). 


Just as with the above mentioned electrodynamic 
microphone, this is about 60 dB below 0.10 N/m? 
or 14 dB above the sound pressure threshold on 
which the phon-scale is built. 

An experimental verification of these considera- 
tions is only possible if we can separate the contri- 
bution of the amplifier to the noise output. In 
principle it would be possible to interchange the 
microphone with a fixed condenser of the same 
capacity and compare the output signals, We have 
tried a slightly different way: we left the micro- 
phone in its place, but varied its polarizing voltage. 
The sensitivity of the microphone increases with 
this voltage. So the noise output of the microphone 
itself must increase too, and can thus be separated 
from the constant noise of the amplifier. 

The measurements were done in a narrow fre- 
quency band (400 c/s width) in the neighbourhood 
of 9 000 c/s. Figs. 3 and 4 give the results for two 
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Fig. 3. Experimental and theoretical curves for the noise of 
one of the two microphones as a function of the 
bias voltage. 


microphones. The upper dotted curve of each figure 
gives the measured voltage divided by the ampli- 
fication factor as seen from the microphone. The 
lower dotted curve has been obtained in the same 
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Fig. 4. Experimental and theoretical curves for the noise of 
the other of the two microphones as a function of 
the bias voltage. 


way, but after correction for the constant amplifier 
noise, as follows: 
EP corr (V) ai EP execs (V) < EP cane (0). 

(A separate experiment with a fixed condenser 
showed that this amplifier noise was indeed in- 
dependent of V_). Finally, the curves drawn in full 
in Figs. 3 and 4 are the theoretical ones. To a first 
approximation they should be straight lines, because 
we may assume then that the sensitivity of the 
microphone is proportional to the d.c. voltage, while 
the noise pressure is independent of it. There is a 
reason however, why this linear relationship does 
not hold: the d.c. voltage tends to diminish the 
distance between diaphragm and electrode. In the 
first place this means that the sensitivity increases 
faster than linearly with V_. Secondly the damping 
coefficient R increases strongly (third power) with 
decreasing distance, and hence the noise pressure 
will increase too. Therefore, and in agreement with 
the experiments, the resulting curves are bent up- 
wards at the higher values of V-. 

It seems to us quite certain that these experiments 
prove the existence of the calculated Brownian 
motion of the membrane. It is a fascinating idea, 
that the r.m.s. amplitude over the whole frequency 
band is about 2-10-* A, that is a thousand times 
smaller than the diameter of an atom, and a hundred 
times smaller than the amplitude of the temperature 
vibration of the separate atoms in the diaphragm. 

We will finish by showing (Fig. 5) the representa- 
tion of the electrical impedance of the microphone, 
as deduced from the electrical and mechanical equa- 
tions governing its behaviour. This is another way 
of showing that the microphone must have a self- 
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noise, for there appears a resistive component in its 
impedance. We have preferred, however, the slightly 
more fundamental reasoning above, because it leads 
directly to a noise pressure on the diaphragm, and 
thus to an easy comparison between theory and 
experiment. 


Fig. 5. Equivalent circuit for a condenser microphone. 
C = capacity under bias voltage, measured at high 
frequency; 
P = electric field between diaphragm and electrode; 
S,.R,M = mechanical constants of the diaphragm 
(see Fig. 2); 
F = external force on the diaphragm. 


Discussion 


MouLpers, C. E.: What is the mechanism of the noise corre- 
lated with a mechanical resistance ? 

LECTURER: In this case a detailed statistical-mechanical 
analysis of the motion of the air molecules in the narrow 
gaps behind the diaphragm would certainly give the right 
fluctuating pressure. But it should not be forgotten that 
this noise pressure is a fundamental thermodynamic pheno- 
menon which is independent of the material and construc- 
tion of the resistance, just as in the electrical case. 

BERANEK, L. L.: In your paper you mentioned that the noise 
is flat with frequency. Inspection of your circuit shows 
that this cannot always be true, because, above resonance, 
the voltage must decrease at the rate of 12 decibels per 
octave. 

LecTuRER: The noise pressure has a flat spectrum over the 
whole frequency range. The noise voltage shows a spectrum 
identical with the pressure characteristic of the micro- 
phone, which indeed shows the above mentioned decrease. 

Leonarp, R. W.: Can equalization in the following ampli- 
fying system retain the good noise factor of an undamped 
microphone ? 

Lecturer: Indeed, but of course the equalization of a sharp 
resonance peak is difficult. This can be avoided (at least 
in theory) by replacing the mechanical damping by the 
following system: The output signal of the microphone 
is amplified, differentiated, and fed back to a polarized 
grid in front of the membrane. This introduces a damping 
term in the equation of motion for the membrane, but 
with little or no noise (so called "cold damping”; see J. M. 
W. Mratz a.o., Physica 19 [1953], 195). It should be 
pointed out that the reduction of noise is not caused by 
the fact that feed-back is used. (Feed-back can never 
change a signal-to-noise ratio, as was pointed out in the 
discussion by S. A. Lacey). The low noise is caused by 
the removal of mechanical damping. The feed-back serves 
only to flatten out the frequency characteristic. 
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PAR L°EXAMEN DES COURBES DE REPONSE 
EN ECOUTE MONAURALE ET BINAURALE 


par R. CHOCHOLLE 
Laboratoire de Neurophysiologie du Collége de France, Paris 


Sommaire. L’amélioration du seuil en écoute binaurale par rapport au seuil monaural ne peut pas 
s’expliquer par une hypothése purement statistique. L’étude des courbes de réponse monaurales ou 
binaurales montre qu’il ne peut y avoir que sommation au niveau des centres supérieurs. Il y aurait 
sommation d’effets proportionnels a la puissance, et non 4 la pression. Si des phénoménes aléatoires 
conditionnaient le seuil, ceux-ci devraient étre assez nombreux: 30 a 40. 


Zusammenfassung. Die Herabsetzung der Schwelle beim Héren mit beiden Ohren gegeniiber 
dem Ho6ren mit einem Ohr kann nicht mit einer rein statistischen Hypothese erklart werden. Die 
Untersuchung der Erregungskurven beim Héren mit einem und mit beiden Ohren zeigt, daB eine 
Summierung von Erregungen nur in héheren Nervenzentren stattfindet und dann nur der Schall- 
leistung und nicht dem Schalldruck proportional sein kénnte. Wenn aleatorische Phanomene die 
Schwelle bestimmen, dann miiBten sie ziemlich zahlreich sein: 30 bis 40. 


Summary. Threshold improvement in binaural listening relatively to monaural listening cannot 
be explained by a purely statistical hypothesis. A study of monaural and binaural response curves 
shows that summation only takes place in higher centres. Summation of effects occurs proportional 
to power, not to pressure. If aleatory phenomena determined the threshold they would have to be 
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numerous: about 30 to 40. 


1. Introduction 


Des travaux récents ont montré qu’en vision 
l’amélioration de la sensation en vision binoculaire 
par rapport a la vision monoculaire était uniquement 
d’ordre statistique (PIRENNE [3]); en est-il de méme 
en audition? Le seuil est généralement fixé 4 la 
valeur d’intensité pour laquelle on obtient 50% de 
réponses affirmatives par rapport au nombre d’essais 
effectués. Le calcul montre que la probabilité totale 
d’entendre devrait étre statistiquement augmentée 
en audition binaurale, ce qui abaisserait le seuil 
(CHOCHOLLE [1]); si les deux oreilles sont compléte- 
ment indépendantes l’une de l’autre comme le 
seraient les oreilles de deux auditeurs différents, la 
probabilité totale devrait étre 

P=p+p'—pp’, (1) 
p étant la probabilité d’entendre avec une oreille et p’ 
celle d’entendre avec !’autre oreille. 

Si l’amélioration du seuil en écoute binaurale était 
d’ordre statistique, les courbes cumulatives mon- 
aurale et binaurale des fréquences de réponses affir- 
matives en fonction de l’intensité, qu’on désigne 
plus simplement sous le nom de courbes de réponse, 
devraient se rejoindre a leurs deux extrémités, com- 
me on le voit d’aprés la formule (1). 

Si, au contraire, les courbes de réponse monaurale 
et binaurale sont homologues, déductibles les unes 
des autres par translation, la seule conclusion possible 
est celle d’une sommation au niveau des centres 
supérieurs: des potentiels d’action seraient encore 
émis aux intensités légérement infraliminaires, mais 
ils ne pourraient franchir les derniéres synapses en 
écoute monaurale; par contre, en écoute binaurale, 


la sommation qui résulterait de la convergence des 
voies droite et gauche permettrait le franchissement 
des derniéres synapses. 


2. Technique des mesures 


La méthode des stimuli constants fut utilisée; le 
sujet déclenchait lui-méme le stimulus; les essais 
étaient faits alternativement en séries croissantes et 
décroissantes 4 des niveaux d’intensité distants de 
0,25 dB; en chaque point, 100 essais furent faits, 
répartis dans 10 séries. On offrait, par ailleurs, de 
temps 4 autre un son de méme fréquence, mais de 
10 dB plus élevé environ. Les fréquences testées 
furent 200, 1 000 et 10.000 Hz. 

Avant chaque série de mesures, l’opérateur déter- 
minait rapidement, par la méme méthode que celle 
utilisée dans les mesures, le seuil de chacune des 
deux oreilles, ou de l’oreille droite seule s’il s’agissait 
de mesures monaurales. La valeur liminaire était 
choisie comme valeur origine, pour l’oreille consi- 
dérée, de la série en cours de mesures, et notée 0 dB, 

Dans le cas de mesures dites avec oreilles désé- 
quilibrées, une différence connue d’intensité était in- 
troduite entre les deux oreilles, l’oreille droite étant 
avantagée par rapport 4 l’oreille gauche; si l’on 
n’introduisait pas de différences entre les deux 
oreilles, les oreilles étaient dites équilibrées. 

Dans les mesures monaurales, j’ai employé une 
technique analogue 4 celle utilisée pour les mesures 
binaurales. 


3. Résultats 


1) Une série de courbes pour un des sujets 4 1000 
Hz est donnée dans la figure 1, a titre d’exemple. 
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Comme on le voit, les courbes de réponse sont 
homologues dans toutes les conditions; les courbes 
de réponse avec oreilles déséquilibrées s’intercalent 
réguliérement entre les courbes de réponse monau- 
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Fig. 1. Pourcentage de réponses affirmatives pour un des 
sujets en fonction du niveau de I’intensité en dB, en 
audition monaurale, et en audition binaurale avec 
oreilles équilibrées et avec oreilles déséquilibrées. Le 
zéro est la moyenne des seuils dans l’écoute monaurale. 


rales et les courbes de réponse binaurales avec oreil- 
les équilibrées. Jusqu’A un déséquilibre de 12 dB, 
les courbes de réponse avec oreilles déséquilibrées 
restent significatives. 

Ainsi, l’amélioration du seuil en écoute binaurale 
ne peut étre due qu’a une sommation; elle ne peut 
étre d’ordre statistique. 

2) L’amélioration du seuil parait indépendante 
de la fréquence, aussi bien avec oreilles équilibrées 
qu’avec oreilles déséquilibrées, comme on le voit sur 
la figure 2. Ceci contredit certains travaux antérieurs, 


100% +-+72-@ 


2 Ln 
: £9 
+ fo e/ 
f (©) =A £ £ 
80 ery £6 


+ % 
60 Z f 


Ss o—;2 


pa 


2 +o of 
+ ww ws 
0 +*@-@——_+-+-€0__0- e@ 1-9 
-4 =3 “2 =} O 4B 


x VKH 

Fig. 2. Comparaison des courbes de réponse a différentes 
fréquences pour un des sujets, en audition monaurale 
eten audition binaurale avec oreilles équilibrées et 
avec oreilles déséquilibrées (0 — 4 dB, 0 — 8 dB). 
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qui ont été effectués avec d’autres7méthodes, il est 
vrai. 

3) L’amélioration du seuil est de 3 dB environ; 
n’y aurait-il pas sommation d’effets proportionnels 
a la puissance acoustique? On se rend compte 
aisément qu’il en est bien ainsi, en comparant les 
valeurs expérimentales et les valeurs théoriques dé- 
duites de cette hypothése, pour les divers déséquili- 
bres introduits entre les deux oreilles. 

Par contre, il n’y a pas sommation d’effets pro- 
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portionnels 4 la pression, comme le montrent les 
calculs, compte tenu du’ fait que la sommation ne 
pourrait étre que partielle. 

Ainsi, le stimulus, aux intensités juxtaliminaires, 
pourrait bien étre une énergie par unité de temps; 
mais on sait qu’aux intensités élevées, il semble bien 
que ce soit la pression; il y aurait passage progressif 
d’un mécanisme a l’autre. Diverses hypothéses peu- 
vent étre émises: 

a) différences dans la nature du stimulus pour 
les cellules ciliées des rangées externes et internes 
de la cochléa; les différences constatées entre ces 
deux catégories d’éléments sensoriels sont en accord 
avec une telle hypothése. 

b) évolution différente du potentiel d’action total 
dans le nerf auditif et de la fréquence des influx 
dans chaque fibre (GALAMBos et Davis, [2]). 

4) Le stimulus étant une énergie par unité de 
temps, le stimulus efficace pour atteindre le seuil 
pourrait étre, par exemple, un nombre de chocs de 
molécules en une unité de temps sur une surface 
donnée. Aux intensités plus élevées, les chocs de 
molécules ne seraient plus isolés, il y aurait un 
véritable bombardement, suivant le rythme imposé 
par la fréquence du stimulus; ceci serait en accord, 
en tout cas, avec l’amélioration constatée de 6 dB 
aux niveaux élevés en écoute binaurale, 

Le seuil pourrait encore étre lié 4 d’autres phéno- 
ménes quantiques: par exemple, 4 un nombre mini- 
mum d’éléments sensoriels ou de fibres nerveuses 
en état d’activité. En faisant I’hypothése que le seuil 
auditif ne serait atteint que pour un minimum 
d’événements aléatoires en un temps donné et sur 
une surface donnée, et que les fluctuations du seuil 
trouveraient 1a leur origine, on peut assimiler les 
courbes de réponse 4 des courbes représentatives 
de la loi de Poisson. Le nombre de phénoménes 
aléatoires devrait étre assez grand: 30 a 40, pour 
les deux meilleurs sujets tout au moins. 

5) La pente des courbes de réponse est trés raide: 
il suffit de 1,5 dB pour passer pratiquement de 0% 
a 100% de réponses affirmatives pour les meilleurs 
sujets; la pente est pratiquement rectilinéaire de 
10% a 90% de réponses affirmatives. Cependant, 
la représentation par une sigmoide trés redressée 
parait plus correcte que la représentation par une 
droite, d’aprés les essais de regroupements effectués 
sur toutes les séries. 
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LABORATORY STANDARD MICROPHONES 


by R. K. Coox 
National Bureau of Standards, Washington, D.C., U.S.A. 


Summary. The condenser microphone is successful as a laboratory standard, mainly because it 
is particularly amenable to calibration by the reciprocity technique. An electro-acoustic analysis 
of its action is presented here in terms of lumped parameters, which are deduced from measurements 
of response and electrical admittance. This suggests a new method for extending response deter- 
minations to higher frequencies, requiring only admittance measurements and a quarter-wave tube, 
in addition to a knowledge of the response at lower frequencies. 


Sommaire. Le microphone condensateur constitue un standard précieux de laboratoire, surtout 
parce qu'il est particulitrement susceptible d’étre étalonné par la méthode de réciprocité. On analyse 
ici son fonctionnement électroacoustique 4 partir des caractéristiques composées qui sont déduites 
des mesures de la réponse et de l’admittance électrique. Cela suggére une nouvelle méthode pour 
étendre jusqu’aux fréquences élevées les déterminations de la réponse; pour appliquer cette méthode, 
il suffit de faire des mesures d’admittance, de disposer d’un tube quart d’onde, et de connaitre la 
réponse aux basses fréquences. 


Zusammenfassung. Das Kondensatormikrophon ist als Eichmikrophon im Laboratorium haupt- 
sachlich deshalb so erfolgreich, weil es sich besonders gut nach der Reziprozitatsmethode eichen 
148t. Hier wird eine elektroakustische Analyse seiner Wirkungsweise durchgeftihrt, bei der man sich 
zusammengesetzter Parameter bedient, die aus Messungen der Frequenzcharakteristik und der Ad- 
mittanz hergeleitet werden. Dies gab die Anregung zu einer neuen Methode, die Frequenzkurven im 
Bereich hoherer Frequenzen aufzunehmen, wozu man nur Admittanzmessungen und ein Viertel- 
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wellenlangen-Rohr bendtigt, wenn die Frequenzkurve bei tiefen Frequenzen bekannt ist. 


Research and engineering laboratories working in 
various phases of acoustics require standard micro- 
phones for measuring sound in air, water, and other 
fluids over wide frequency ranges. We confine our 
attention here to microphones suitable for meas- 
urement of sound in air over the frequency range 
from about 30 to 20000 c/s. 

One sometimes thinks of sound as being caused 
by air molecules in vibratory movement. However, 
no satisfactory microphone for measurement of air 
molecular motions has ever been devised, although 
the molecular displacements can be measured with 
illuminated smoke particles, and’ the molecular 
velocities can be measured with a RAYLEIGH disk. 

Nearly all the microphones which have ever been 
devised respond to the sound pressure associated 
with the molecular motions, as does the ear of man. 
Absolute measurements of sound pressure are of 
basic importance for research in acoustics, They are 
most conveniently made by means of standard micro- 
phones of special design which lend themselves to 
calibration by the reciprocity technique. Other prac- 
tical requirements on standard microphones are 
freedom from non-linear distortion, uniformity of 
response of both amplitude and phase as a function 
of frequency, stability of response (including free- 
dom from hysteresis) with temperature and humidity 
changes, and physical size small enough to minimize 
the amount of scattered sound power. 

The condenser microphone appears to meet these 
requirements more satisfactorily than any other 
type of microphone. A knowledge of its construction 


is not sufficient to yield with requisite accuracy an 
absolute value for its response, which is best deter- 
mined by means of the reciprocity method. Never- 
theless, we can determine empirically simple lumped 
parameters which describe very well the microphone’s 
response and electrical admittance as a function of 
frequency, as we shall see presently. 

We consider the electro-acoustic action of a con- 
denser microphone (see Fig. 1) as follows. The 


Fig. 1. Schematic diagram of condenser microphone action. 
p =sound pressure; u = volume displacement of 
diaphragm; D = diaphragm equilibrium; v = a.c. 
voltage; K = spring constant; M = equivalent mass 
of diaphragm: R = viscous resistance; Cy) = capaci- 
tance with diaphragm at equilibrium; ® = electro- 
mechanical coupling constant. 


simplest assumption is that the action can be 
described by the generalized coordinates uv (the 
volume displacement of the microphone diaphragm 
from its zero-signal position) and q (the difference 
between the electrical charge on the condenser and 
its zero-signal charge). The potential energy W, 
kinetic energy 7, and dissipation function D are 
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W = @/2C, — Squ + Ku?/2 + (terms of higher 
order) 

T =Mi'/2, D=Re/2 (1) 
in terms of the generalized coordinates u and gq. 
These quantities are as defined in Fig. 1. 

The Lagrangian equations of motion for the 
system are obtained from 
d /oT oT oD 
dt \ du] ~ du an P 
and from a similar equation for the coordinate q. 
Therefore the generalized forces p (the sound pres- 
sure on the diaphragm) and v (the variable part of 
the potential difference between diaphragm and 
backplate) are given by 
Mi + Ru+ Ku — @q=p, (2) 
— @u+ q/C, =v. 
If the generalized forces and coordinates vary like 
eit, then 
(— aM + joR + K)u — @q=p, 3) 
—@u+q/Q =v. 
If p = 0, the admittance of the microphone as 
seen from its electrical terminals is by (3) 
Y = joC, + 
+ jo®’C?/(— wM + joR+K —@C,). (4) 
The response oa is the electromotive force (or open- 
circuit voltage) per unit sound pressure applied to 
the diaphragm. From eq. (3) we find that the voltage 
v at the microphone’s terminals, when the electric 
current (and hence q) is zero, is 


v = — @p/(— aM + joR+ K). 


This voltage has the opposite sign of the electro- 
motive force, and therefore the response is 


0 = ®/(— wM + joR + K). (5) 


ow 
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Fig. 2. Response of type 640AA condenser microphone No. 
904. A = amplitude, and A = phase of response 
measured at the Electrical Communication Labora- 
tory, Tokyo, Japan. Curves are computed from eq. (5) 
with the following lumped parameters: 

K = 1.52x10"N/m', R = 3.1610’ Ns/m'‘, 
M = 434 kg/m‘, PD = 4.95 x 10” V/m'. 
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Fig. 2 gives a comparison between the response 
measured by the reciprocity method, and the 
response computed from the lumped parameters 
tabulated in the figure caption. Fig. 3 is a similar 
comparison for the same microphone between the 
measured electrical admittance (found with a ScHE- 
RING bridge) and the computed admittance. The 
lumped parameters are found as follows: ®/K is the 
same as the response at low frequencies; ®/R is 


—— Capacitance 
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Fig. 3. Electrical admittance of microphone No. 904. 
© =capacitance, and @ = conductance, both 
measured with a SCHERING bridge. Curves are com- 
puted from eq. (4) with the same lumped parameters 
as in Fig. 2, and also C, = 52.6 10-!? F. 


the maximum measured value of |wo|, which occurs 
at a measured pulsatance w, such that K = w,?M; 
C, is the capacitance of the microphone with the 
diaphragm blocked, and therefore is the measured 
value either at high frequencies, or near resonance; 
the capacitance measured at low frequencies is 
Cy/(1—®eC,) = CyK/(K —®*C,). These five re- 
lationships yield the five lumped parameters, K, M, 
R, ® and Cy. The good agreement shown in Fig. 2 
and 3 has been obtained for other microphones of 
the same type. 

Equations (4) and (5) can be rewritten so that 
the mechanical quantity — w*M + joR + K is re- 
placed by Z, and Z may vary with in any arbitrary 
fashion. Thus 

Y = joC, + joP*C,?/(Z — £°C,), (6) 
o= /Z. 

This suggests a new method for calibration of 
condenser microphones, which has been investigated 
by Messrs. Simmons and Brac of the staff of the 
National Bureau of Standards. Precision measure- 
ments, which can be made with a ScHERING bridge, 
of the admittance Y and the blocked admittance 
joC, will yield ©*/Z at any frequency. Apart from 
a factor ®, this is the same as 9. The expression 
for @ is 


@ = (¥ — joC)/PCyY. (7) 
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In practice, both ® and C, are obtained from 
response and admittance measurements made at 
frequencies below 10 000 c/s. Eq. (7) then serves to 
extrapolate @ to higher frequencies. 

Fig. 4 shows a comparison between the response 
determined with this new method and the response 
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Fig. 4, Admittance and response of type 640 AA condenser 
microphone No. 1087. © and curve = capacitance, 
and @ and curve = conductance, both measured with 
a SCHERING bridge. A = response measured by the 
reciprocity method. Curve for response is computed 
from admittance measurements by means of eq. (7), 
and is fitted to the measured response at frequencies 
below 10 000 c/s by adjustment of ®C,. 


determined by the usual reciprocity method. The 
latter required a hydrogen-filled 3.18 cm® coupler 
at frequencies above 10 000 c/s. The only acoustical 
equipment required during the electrical admittance 
measurements, however, was an air-filled quarter- 
wave tube (for elimination of air loading on the 
diaphragm). The good agreement between the two 
response determinations shown in Fig. 4 indicates 
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that absolute pressure responses of condenser micro- 
phones can be determined to within about 0.2 dB 
for frequencies as high as 20 000 c/s. 

The author is indebted to Mr. F. Braci for help 
in the experimental measurements and calculations. 


Discussion 


NizELsEN, A. K.: If a very high level is employed at the source 
microphone the system is non-linear. But it appears that 
the reciprocity calibration gives correct results if the distor- 
tion products are filtered out. 

LectTurER: This is correct for the distortion products which 
appear when the amplitude of the alternating driving voltage 
approaches the polarizing voltage. But there might be other 
sources of distortion. For example, the displacement of a 
plate-diaphragm is a non-linear function of the force which 
deflects it. Experimentally, this seems to affect the response 
by not more than approximately 0,1 dB. 

Ray, S. N.: Would Dr. Cook kindly comment on the suita- 
bility of the hot-wire type of microphone for measurement 
of particle velocity ? 

Lecturer: If a hot-wire microphone is to be used for quanti- 
tative measurement of particle velocity, the experimenter 
must employ a carefully controlled polarizing current of 
air, because the response (voltage output per unit particle 
velocity) is roughly proportional to the velocity of the 
polarizing current. As far as I know, such control has never 
been satisfactorily accomplished. Also, the response is 
affected by the adsorption by the hot-wire of constituents 
of the atmosphere. The hot-wire microphone is frequently 
used as an indicator, but does not appear to be suitable 
for quantitative measurement of air particle velocity. 

RapemaKeErs, A.: Concerning a remark of Dr. P. Brie: A 
condenser microphone in a normal L.F.-amplifier works 
with constant charge. As C = 1/d and V = Q/C there is 
no distortion at all if there is no stray capacity. For the 
same reason there is no influence of the bias voltage on 
the stiffness: the constant charge gives a constant pulling 
force, independent of the distance. 


RECENT WORK AT THE NATIONAL PHYSICAL LABORATORY 
ON THE FREE-FIELD CALIBRATION OF STANDARD MICROPHONES 


by R. S. Dapson and E. G. BUTCHER 
National Physical Laboratory, Teddington, England 


Summary. Recent developments at the National Physical Laboratory on free-field standards 
of sound pressure and microphone calibration are described. In the low-frequency region free-field 
plane-wave conditions are difficult to achieve in conventional absorbent rooms, and this has been 
met by the installation of a large duct in which truly plane progressive waves may be generated 
down to 25 c/s. At the higher frequencies the RAYLEIGH disc and reciprocity free-field standards 
have been compared and show excellent agreement. 


Sommaire. On décrit les récents travaux effectués au National Physical Laboratory sur la réalisation 
des standards de pression sonore 4 !’air libre et l’étalonnage des microphones. En basse fréquence, 
il est difficile de satisfaire aux conditions d’onde plane en champ libre dans les chambres absorbantes; 
on y est parvenu en installant un large conduit dans lequel on peut produire, jusqu’a une fréquence 
minima de 25 Hz, des ondes progressives réellement planes. On a comparé aux fréquences élevées 
le standard obtenu avec le disque de RAYLEIGH et celui en champ libre suivant la méthode de réci- 
procité; l’accord est excellent. 

Zusammenfassung. Es werden die letzten Entwicklungen auf dem Gebiet der Messung ab- 


soluter Werte des Schalles im freien Schallfeld und der Mikrophoneichung im National Physical 
Laboratory beschrieben. Da man bei tiefen Frequenzen in den tiblichen schallabsorbierenden Raumen 
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nur schwer ebene Wellen wie im freien Schallfeld herstellen kann, wurde ein groBes Rohr aufgebaut, 
in dem wirklich ebene fortschreitende Wellen bis hinunter zu 25 Hz erzeugt werden kénnen. Bei 
hdheren Frequenzen werden Mefmikrophone, die mit der RayLeicHscheibe und nach der Rezi- 
prozitatsmethode geeicht waren, miteinander verglichen. Es ergab sich eine ausgezeichnete Uber- 


einstimmung. 


1. Introduction 


In the course of a ’’Discussion on Units and 
Standards” arranged by the National Physical Labo- 
ratory in 1946, an account was given by one of the 
present authors of the position of acoustical stan- 
dards of measurement at the N.P.L. at that time [1]. 
Much of that account is still applicable, but a number 
of improvements have been made in the meantime 
which are relevant to the objects of this Congress, 
and this paper gives a brief description 
of two developments to which considerable 
attention has been given. Before considering 
these in further detail it may be of value to 
list the basic standards currently used at the 


is obtainable at low frequencies with normal loud- 
speakers. The second limitation is of especial im- 
portance in dealing with the calibration of pressure 
gradient microphones, and more especially of types 
relying on a combination of pressure and pressure- 
gradient elements. These difficulties can, however, 
all be met by the use of a solidly constructed duct 
with a good absorbent termination. Fig. 1 shows 
the essential features of an apparatus of this kind 
which has recently been installed at the National 
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N.P.L. for different ranges of frequency. 
At low frequencies free-field calibrations 
are obtained directly by comparison with the 
RAYLEIGH disc ina plane progressive wave system in 
a duct, or alternatively (for standard pressure-type 
microphones) are derived from pressure calibrations 
based on the RAYLEIGH disc, the pistonphone, or the 
method of reciprocity. At the higher frequencies use 
is made either of the RAYLEIGH disc, or reciprocity, 
in a progressive wave system. It has consistently 
been the aim at N.P.L. to have two independent 
methods giving results in satisfactory agreement over 
each part of the frequency range, so that if trouble 
is suspected an entirely independent check is always 
available. 


2. Free-field calibration at low frequency 


Recent work at the N.P.L. over the low-frequency 
range has largely been concerned with the problem 
of generating an accurately plane progressive wave 
system for the free-field calibration of standard 
microphones, and substandard microphones of all 
kinds including pressure-gradient and other direc- 
tional types. The conventional absorbent room has 
evident limitations as regards the very low frequen- 
cies. In the first place the available absorbents, 
though greatly improved recently, are not adequate 
to give truly reflectionless conditions at the lowest 
frequencies. Secondly as regards the simulation of 
plane progressive waves, it is not possible in rooms 
of normal dimensions to conduct measurements at 
a sufficient distance from the source to obtain the 
correct relations between sound pressure and particle 
velocity. Thirdly, spherical radiation imposes limi- 
tations on the magnitude of sound pressure which 


Absorbent section ‘\ 7 7 Measurement section / 
Rayleigh disc windows Sound proof 
door 
Fig. 1. Plan of duct for acoustical measurements at low 


frequencies. 


Physical Laboratory. The absorbent section consists 
of a wedge-shaped structure of glass fibre blankets 
some 7 m in length which has been shown to reduce 
the reflected sound amplitude to about 1% over 
the useful range of frequency, 25 to 450 c/s. Ac- 
curate plane wave conditions are established within 
about a metre of the loudspeaker and are maintained 
over the working section of the duct. The apparatus 
is convenient not only for the establishment of ac- 
curately plane progressive waves for standardisation 
purposes, but also for many sub-standard meas- 
urements, such as the determination of the sensiti- 
vity and directional properties of pressure-gradient, 
or composite microphones in which an accurately 
defined wave system is essential. It is also easily 
adapted to the determination of the normal impe- 
dance of comparatively large samples of absorbing 
materials or constructions. A full description of 
this equipment will shortly be published elsewhere. 


3. Free-field calibration at high frequency 


Over the higher frequency range both the Ray- 
LEIGH disc and reciprocity standards are in use for 
the free-field calibration of the Laboratory’s stan- 
dard microphones, and the accurate comparison of 
these standards is thus of considerable importance. 
The results shown in Fig, 2 illustrate the calibration 
of one of the small condenser microphones which 
are maintained as the Laboratory’s standards for 
free-field work. The RAYLEIGH disc calibration has 
been carried out from 30 to 25000 c/s, and the 
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direct reciprocity calibration from 1000 to 100 000 
c/s, the range of overlap of the two methods being 
thus from 1000 to 25 000 c/s. Over this range the 
agreement between the two methods at individual 
frequencies is of the order + 2%, and the average 
discrepancy less than 1%. The RAYLEIGH discs 
used at the Laboratory are normally 1 cm in diameter 
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Fig. 2. Free field calibration of small condenser microphone 
up to ultrasonic frequencies. Comparison of RAYLEIGH 

disc and reciprocity calibrations. 
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for frequencies up to about 3.000 c/s and 0.5 cm 
for the higher range. 

In free-field work such consistency can only be 
obtained if great care is taken over all the experi- 
mental conditions, and in work of this order of 
accuracy there is probably little to choose, either in 
accuracy or convenience, between the two methods. 
The general conclusion is therefore that the La- 
boratory’s standards of free-field calibration are 
established to an accuracy of about 1 % over the 
frequency range covered. 
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The work described in this paper was carried out 
as part of the research programme of the National 
Physical Laboratory and the paper is published by 
permission of the Director of the Laboratory. 
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Discussion 


LEEUWEN, F. J. vAN: How is the distance measured in your 
reciprocity measurement ? 


LecTuRER: The separation distance in the reciprocity free- 
field measurements is strictly the radius of the spherical 
wave; at the distances (30 --- 50 cm) adopted in the measure- 
ment this is equal to the distance between the microphone 
diaphragms to well within the accuracy required. 


GavrEAU, V.: Dans certaines conditions l’absorption des 
ultra-sons dans l’air est trés faible: nous avons pu détecter 
des sons de 75 kHz a plus de 14 m et des sons de 150 kHz 
restaient trés intenses 4 3 m. Ne pourrait-on pas éliminer 
les erreurs dues a l’absorption en desséchant l’air et en 
supprimant le CO, dans la chambre utilisée pour ces 
mesures ? 


LEcTuRER: Lors de nos mesures l’absorption du son par l’air 
était en général négligeable car les distances entre le micro- 
phone et le haut-parleur n’étaient pas trés grandes; méme 
aux fréquences les plus élevées (100 kHz), la correction 
était toujours petit et pouvait se déterminer assez précisé- 
ment au moyen de mesures a une série de distances. 


ETALONNAGE ABSOLU DE MICROPHONES 
AUX FREQUENCES AUDIBLES ET ULTRA-SONORES 


par V. GAVREAU 
Centre de Recherches Scientifiques, Industrielles et Maritimes, Marseille 


Sommaire. Le pistonphone ultra-sonore est constitué par la base supérieure d’un cylindre métal- 
lique massif vibrant en demi-longueur d’onde. L’intensité du son est calculée a partir de l’amplitude 
de vibration mesurée optiquement ou 4 partir de la pression de radiation déterminée par une pesée. 
La méthode de réciprocité utilis¢ée aux fréquences audibles élevées, nécessite l’emploi d’une chambre 
de compression fermée par un capuchon 4 petit trou. La formule classique est modifiée pour tenir 


compte de l’effet de baffle. 


Zusammenfassung. Als Ultraschallpistonphon wird die Stirnflache eines massiven Metallzylinders 
benutzt, der eine halbe Wellenlinge lang ist. Die Schallintensitat wird aus der optisch bestimmten 
Schwingungsamplitude und aus dem mit der Waage gemessenen Strahlungsdruck berechnet. Fiir 
die im Bereich der héheren Horfrequenzen benutzte Reziprozitétsmethode benétigte man eine 
Druckkammer, deren Verschlu8 aus einer mit einem Loch versehenen Kappe bestand, die bei héheren 
Frequenzen als ,,Schallwand’’ wirkt. Um diesen Effekt zu beriicksichtigen, wird die klassische Formel 


abgeandert. 


Summary. The ultrasonic pistonphone is formed of the upper end of a massive metallic cylinder - 
vibrating at a half wavelength. The intensity of the sound produced is calculated either from the 
amplitude of vibration optically measured or from the pressure of radiation measured on a balance. 
The use of the reciprocity method at high audio-frequencies involves the use of a pressure chamber 
closed by a cap with a small hole. The classical formula is modified to take account of the effect of 


the baffle. 
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1. Introduction 


Un microphone étalonné doit permettre de mesu- 


rer le champ sonore qu’on aurait en son absence au ' 


point ott on effectue cette mesure. Or, la caractéristi- 
que de sensibilité ainsi définie, d’un microphone, 
différe considérablement de celle qu’on obtient par 
un étalonnage dit ’’A pression constante’’ car aux 
fréquences élevées elle dépend de la forme et des 
dimensions du microphone. 

Au Laboratoire d’Electro-Acoustique du Centre 
de Recherches Scientifiques, Industrielles et Mariti- 
mes de Marseille, nous avons mis au point des 
méthodes permettant l’étalonnage absolu de micro- 
phones dans les conditions normales de leur emploi 
(a4 champ libre’) pour des fréquences pouvant 
atteindre 100 kHz. 


2. Pistonphone ultra-sonore 


Jusqu’a 10 kHz on peut utiliser un piston épais en 
duralumin collé sur une couche de caoutchouc. Pour 
des fréquences plus élevées, nous utilisons un cylindre 
vibrant longitudinalement en demi-longueur d’onde 
[1] dont la base supérieure vibre comme un piston 
(Fig. 1). Cette base, soigneusement polie, constitue 
Microphone a 

étalonner 


Ocuising Réticule 


¥. 


Lampe 


luminescente 


Image de la 


Surface polie 
lame 


(réfléchissante) 
Cylindre vibrant 


Fig. 1. Schéma de principe de I’étalonnage d’un microphone 
en utilisant un pistonphone ultra-sonore. 


un miroir dans lequel se forme l’image d’un tran- 
chant de lame de rasoir fixé 4 faible distance au- 
dessus du piston vibrant: l’image de la lame vibre 
avec une amplitude double de celle du piston. On 
mesure cette amplitude 4 l’aide d’un dispositif op- 
tique spécial comportant un objectif de 80 mm de 
diamétre et 400 mm de distance focale et un oculaire 
de microscope a fort grossissement muni d’un 
réticule micrométrique. Cet appareil permet la me- 
sure de déplacements de quelques centiémes de milli- 
métre 4 une distance de 40 cm, donc sans perturber 
le champ ultra-sonore. Un éclairage stroboscopique 
par un Glow Modulator Tube (Sylvania), commandé 
par une hétérodyne auxiliaire, facilite les mesures. 

On calcule l’intensité du champ sonore en appli- 
quant la formule connue [2] 


a TTA 
I=2 pe 2 si® 


(1) 
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ott 0 = la densité de l’air; c = la vitesse de propa- 
gation du son; E = 2nfé = la vitesse du piston; 
& = l’amplitude du piston; f = la fréquence; m = 
a/A; a = le rayon du piston; A = la longueur d’onde 
du son; r = la distance du microphone au piston. 
On déduit de l’éq. (1) la pression acoustique 
p= Vocl. 

Un autre procédé trés commode et utilisable méme 
aux fréquences trés élevées, consiste 4 mesurer la 
pression de radiation sonore et d’en déduire I’in- 


tensité acoustique par la formule de Lord Ray- 
LEIGH [3] : 


1 —1 
Pi — Po =E(3 ae 1) 
ott Py — Po est la pression de radiation, E la densité 
moyenne’ d’énergie acoustique totale et y = 1,40 
pour l’air. 
En y substituant 
Pi — Po = Mg/S cos? 6, 
Mg étant le poids nécessaire pour équilibrer la pres- 


sion de radiation contre un cone de base S dont la 
génératrice fait un angle 6 avec la base, et 


es 
on obtient 
oe) ee (2) 
~ “S$ cos? 6 [1/3 + (y — 1)/2] 
d’ott p= Vecl. 


Pour un microphone électrodynamique L.M.T. 
nous avons trouvé par le procédé optique une sen- 
sibilité s = 1,69 mV/Nm~ (moyenne des mesures) 
et par le procédé de la pression de radiation s = 1,71 
mV/Nm~? (moyenne des mesures) a 9,45 kHz. 

Cette concordance des résultats constitue une 
vérification expérimentale de la validité de la formule 
théorique de Lord RayEIGH (éq. (2)), ce qui permet 
l'emploi de pistonphones 4 cylindre vibrant pour 
l’étalonnage absolu de microphones jusqu’a 100 kHz. 
Nous avons réalisé des cylindres vibrants de 9,45 
kHz, 38,8 kHz, 75 kHz et 90 kHz. 

La mesure optique devient difficile pour les fré- 
quences supérieures 4 40 kHz, méme lorsqu’on rem- 
place l’oculaire par un petit microscope auxiliaire. 


3. Méthode de réciprocité 


Les mesures étaient faites dans une grande cham- 
bre sourde en utilisant comme transducteur auxi- 
liaire une chambre de compression de haut-parleur 
fermée par un capuchon avec un trou de 8 mm de 
diamétre (Fig. 2). 

a) En utilisant comme source le haut-parleur de 
la grande chambre sourde, on trouve les tensions 
V, et V, aux bornes du transducteur et du micro- 
phone; 
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Fig. 2. Chambre de compression a4 ouverture réduite utilisée 
comme transducteur auxiliaire. 


b) en utilisant le transducteur comme émetteur 
de son, J, = U,/R étant le courant dans sa bobine 
mobile, mesuré dans une résistance R = 20 ohm 
connectée en série avec elle, on trouve une tension 
U, aux bornes du microphone placé 4 une distance 
r=110 cm du transducteur. La sensibilité du 
microphone est donnée par la formule connue [4] 


a=Vep 2%. 3) 
a‘ ty « ge 
Cette formule a été établie en assimilant le trans- 
ducteur 4 une petite sphére pulsante de rayon a et 
d’impédance- acoustique 
Ze = 10C/20/. (4) 
Ce qui n’est plus vrai pour les fréquences élevées, 
lorsque le boitier du transducteur joue le réle d’un 
baffle’: le transducteur pourrait alors étre assimilé 
a un piston dans un mur plan dont l’impédance 
acoustique est: 


fmf, yf; LOI! EC 


2 


. 


21S 71a ka 2k?a? 
Pour pouvoir plus facilement comparer les résul- 
tats avec ceux obtenus dans le cas de la sphére 
pulsante, nous écrirons cette formule sous la forme: 
CN td 2ka)|? [K,(2ka 

pin ta ma . ae a 2 Ka? (5) 
ot k = 2z/A. J, et K, sont des fonctions de BEssEL 
et a est le rayon du trou, 0,4 cm dans notre cas. 
Pour la fréquence la plus élevée utilisée au cours de 
ces mesures f = 15 000 Hz, la formule (5) donne: 


2 


oc 1 
77 al 0,964" (6) 
En comparant cette expression 4 l’expression (4), 
on voit que dans notre cas particulier, z, tend vers 
une valeur deux fois plus grande dans le cas des 
fréquences élevées. Donc la sensibilité devrait étre 
divisée par V2 pour les fréquences élevées [5]. 
Nous avons corrigé les valeurs trouvées pour la 
sensibilité en utilisant la formule: 
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Scorrigée = YSo 

ou y est un coefficient numérique dont la valeur (dé- 
terminée pour plus de commodité graphiquement) 
décroit 141 Hz jusqu’a 1/2 = 0,707 4 15 kHz. 

Le microphone étalonné par ce procédé est utilisé 
pour des mesures des seuils d’audibilité, et les valeurs 
trouvées concordent bien avec les valeurs trouvées 
aux Etats-Unis dans les mémes conditions. 


Bibliographie 


[1] Emetteur de Hillary St. Carr, Rev. Sci. Instrum. 12 
[1941], 250. 

[2] Davis, A. H., L’acoustique moderne. Ed. Dunod, Paris 
1936, p. 76 *), Formules plus précises, tenant compte des 
dimensions finies du ’’baffle’’ de Tapamoto Nimura et 
YOSHIYUKI WATANABE dans J. acoust. Soc. Amer. 25 
[1953], 76. 

[3] Rayxeicu, Lord, Phil. Mag. [1905] S. 6, 10 (2), pp. 364 
a 374, Nous avons, bien entendu, corrigé la faute d’im- 
pression en remplacant le signe — par le signe ++ dans 
l’éq. (41) comme on le voit immédiatement d’aprés les 
équations (39) et (40) dont est déduite l’éq. (41). 

[4] BeranEK, L. L., Acoustic measurements. J. Wiley & Sons, 
New York 1949, pp. 113 a 121. 

[5] On trouve les expressions de l’impédance d’un disque 
avec un baffle circulaire de dimensions finies dans I’article 
de T. Nimura et Y. WATANABE [2]: on pourrait les 
utiliser pour un calcul plus complet. 


Discussion 


Danson, R. S.: La formule actuellement admise pour la pres- 
sion de radiation sonore, n’est pas la formule plus compli- 
quée de Lord Rayzeicu, considérée actuellement comme 
incorrecte (voir C, ScHAEFER, Ann. Phys., Lpz. 35 [1939], 
473), mais la formule plus simple, établie antérieurement 
par Larmor et Lord RAYLEIGH. 

CoNFERENCIER: II existe en effet, plusieurs formules différentes 
donnant la pression de radiation, et je ne sais pas laquelle 
de ces formules est correcte. Je serais tres reconnaissant pour 
toutes les références bibliographiques relatives 4 leur dis- 
cussion. Toutefois, nos essais paraissent confirmer la for- 
mule établie par Lord RAyLEIcH en 1905. 

Nuetsen, A. K.: La formule correcte donnant la pression 
de radiation sonore est celle de LARmor: p, = 2E et non 
pas la formule établie par Lord RayLeicH en 1905. Ceci 
a été confirmé expérimentalement au Danemark par le 
Prof, HARTMANN, La question a fait l’objet d’une discussion 
trés détaillée publi¢e dans Annalen der Physik. 

CoNFERENCIER: Nos essais paraissent, au contraire, confirmer 
la formule de Lord RAYLEIGH. Ceci s’explique peut-étre par 
le fait que dans le cas de sons trés intenses, la loi de com- 
pression non-adiabatique ne peut pas étre négligée. 


*) La formule indiquée dans cette communication corres- 
pond au cas d’un microphone assez éloigné du pistonphone. 
Comme l’étalonnage du microphone et les mesures de la 
pression de radiation sonore ont été faits 4 une petite distance 
du piston vibrant, une formule plus correcte serait [2]: 
qui se réduit a: I = doc dans le voisinage immédiat du 
piston vibrant. 

Ceci expliquerait les valeurs trop petites que nous avions 
trouvées pour la pression de radiation sonore, valeurs qui 
semblaient confirmer la troisitme formule de Lord RAYLEIGH. 
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A METHOD FOR 


MEASURING SOUND ABSORPTION IN THE FIELD 


by C. W. Kosten 
Laboratory for Technical Physics, Technological University, Delft 


Summary. The arrangement is essentially a normal standing wave tube held against the wall to 
be tested. Leakage of sound through the absorbing layer is prevented by surrounding the wave tube 
by another wave tube of greater diameter, properly actuated in the same frequency. The criterion 
for "no leakage”’ is equality of sound pressure in both tubes near the sample. Preliminary results given 
corroborate the idea that the method is reliable. 


Sommaire. Le dispositif employé se compose essentiellement d’un tube normal a onde station- 
naire qui est appliqué contre la paroi 4 essayer. On évite les fuites acoustiques dans le revétement 
absorbant en entourant ce tube d’un second tube de diamétre plus grand, convenablement excité 4 
la méme fréquence. Il n’y a pas de fuite si la pression sonore est la méme dans les deux tubes, au 
voisinage de l’éprouvette. Les résultats préliminaires indiqués montrent que cette méthode est sire. 


Zusammenfassung. Die MeBanordnung besteht im wesentlichen aus einem normalen Kundtschen 
Rohr mit stehenden Wellen, das gegen die zu messende Wand gehalten wird. Um eine Undichtigkeit 
bei Messung absorbierender Schichten zu vermeiden, wird das MeBrohr von einem zweiten mit 
gréBerem Durchmesser umgeben, das in passender Weise mit der gleichen Frequenz betrieben wird. 
Als Kriterium dafiir, daB kein Leck vorhanden ist, benutzt man die Gleichheit des Schalldrucks in 
beiden Rohren nahe der Probe. Die hier angegebenen vorlaufigen Resultate scheinen die Zuver- 
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lassigkeit der Methode zu bestatigen. 


Numerous well-known methods exist for meas- 
uring the sound absorption coefficient in the labora- 
tory. Although field measurements are sometimes 
badly needed there does not seem to exist a reliable 
method for this purpose. It should be very important 
that the consulting engineer or the architect should 
be able e.g. to verify that a certain absorbing wall 
or ceiling meets the requirements agreed upon or to 
measure on the spot the possibly detrimental effect 
of a certain system of decoration. Such questions are 
of considerable economic interest and justify efforts 
to develop a method of measurement in the field, 
i.e. a method that enables the operator to measure 
the absorption coefficient of a surface without taking 
a sample or damaging the surface. 

Two field methods have been described in the 
literature, one by Loye and Morcan [1] (Fig. 1), 
the other by Jones, EDELMAN and LONDON [2] 
(Fig. 2). The apparatus used by Jones et al. is 
essentially a normal interferometer or standing-wave 
tube bonded to the layer to be tested. If there should 
be no leakage of sound the apparatus would yield 


the absorption coefficient at normal incidence. The 
ey 


Fig. 1. Love and 
Morcan’s_ set-up 
for measuring in 
the field [1]. 


Fig. 2. Jones, EDELMAN and LoNpDoN’s 
long-tube method for field meas- 
urements [2]. 


apparatus of LoyE and Morcan may be described 
as an interferometer of negligible length. A sound 
source F actuates a diaphragm just in front of the 
layer being tested, while a pressure microphone M 
measures the pressure level in the cavity. The level 
difference, as compared to the level found with a 
completely reflecting wall, is used as a measure of 
the absorption. This method neglects the complex 
character of the wall impedance and suffers, as does 
Jones’ method, from possible leakage of sound. 
From a theoretical point of view it is very ques- 
tionable whether leakage of sound can be sufficiently 
avoided with the methods as described. In an earlier 
publication a series of absorption characteristics was 
given for absorbing layers of different thickness, air 
resistance and structure factor [3]. From these curves 
one sees at a glance that layers with a specific air 
resistance of 10° or 10’ MKS-rayl « meter are poor 
absorbers at audio frequencies. The sound waves 
only penetrate a few millimeters into the material, 
clearly demonstrated by the fact that a layer of 1 cm 
absorbs almost as much as a layer of infinite thick- 
ness, whilst resonance frequencies in layers of 1 cm 
and more are hardly to be noticed. Layers of such 
great airtightness are not subject to much lateral 
spreading of sound when measured with one of the 
methods described, but they are of little interest. The 
good absorbers behave just the other way round. 
They have specific air resistances of only 10* to 10° 
rayl < meter, show up resonances when applied in 
thicknesses of up to even 10 cm, are therefore acces- 
sible to their full depth by the sound waves, which is 
also clear from the fact that the absorption character- 
istic changes with the thickness even up to very great 
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thicknesses. Therefore good absorbers are so easily 
permeable to sound that lateral spreading through 
them must take place to a considerable degree. 
We therefore came to the conclusion that field 
measurements of this type can only be carried out 
with sufficient accuracy if leakage of sound is duly 
prevented. To this end a double interferometer has 
been constructed (see Fig. 3) consisting of two co- 


Guard tube 
Measuring tbo. a 7s 


Fig. 3. The new method with a guard tube. 


axial cylinders of which the outer cylinder acts as 
guard cylinder to prevent leakage out of the inner 
cylinder, the measuring tube. It is clear that in this 
way leakage of sound can be avoided exactly and that 
equality of sound pressure just inside and outside 
the measuring tube just in front of the layer under 
test is a good criterion for compensation. The two 
sound pressures ought to be equal of course both in 
magnitude and in phase. We therefore need two 
sound sources of the same frequency, one of which 
is adjustable in magnitude and phase. Moreover a 
differential microphone ‘in the wall of the inner 
cylinder is necessary for indicating the sound pres- 
sure difference. The preliminary set-up available 
was simply operated with a probe microphone alter- 
natively connected to the inner and outer cylinder. 


0.6 


z Without compensation for leakage 


With compensation 


- 


dnterferometer 


300 


500 700 
—= Frequency 


900 tz 


Fig. 4. Experimental results with the new method on an in- 
flexible layer of 2.1 cm thickness. For comparison 
the results obtained in a normal interferometer. 


In Figs. 4 and 5 a few results.are given *). Fig. 4 
relates to a layer of Faburtex, flax straw material, 
2.1 cm thick, specific air resistance 4-10° rayl x 
meter. The curves "without compensation’ and 


*) I thank Mr. M. pe Kruyrr for assistance in developing 
the apparatus and carrying out the measurements. 
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with compensation’’ have been measured with the 
apparatus of Fig. 3 without and with the use of the 
guard wave field in the outer cylinder. In order to 
have a check as to the accuray of the ’’compensated”’ 
measurement a sample was sawn out of the plate 
tested, the sample then being measured along con- 
ventional lines-in a normal interferometer. The 
mounting conditions were chosen as closely the same 
as possible. 

Whereas the material to which Fig. 4 relates is 
nearly inflexible, the material of Fig. 5 is very 
soft indeed (Kramfors, bonded woodfibres, 60 
kg/m, 3.5 cm thick, specific air resistance approx. 
7-104 rayl x meter, compression 20 per cent under 
a static load of 2: 10* N/m? (= 0.2 kg/cm?). The 
curves a and b have been measured with the new 
set-up without and with compensation respectively. 


10 


08 


02 


300 500 700 
—~ Frequency 


900 Hz 


Fig. 5. As Fig. 4 with a highly flexible material (Kramfors, 
3.5 cm, painted). 
a) without compensation for leakage, 
b) with compensation, 
c) in interferometer o = 9 cm, 
d) in interferometer 9 = 25.5 cm, 
e) with compensation, no contact. 


A sample cut out of the layer and measured in a 
9 cm @ interferometer yielded curve c. This curve 
deviates from what is theoretically expected for an 
incompressible layer of that thickness, from which 
may be inferred that obviously the great compressi- 
bility of the material is of major importance for its 
absorptive behaviour. But then a 9 cm interferometer 
should be considered too narrow for a reliable 
measurement. Therefore another sample was meas- 
ured in an interferometer of 25.5 cm diameter 
(curve d). The curve has changed indeed and resem- 
bles the compensated curve reasonably. The re- 
maining difference b,d may originate in the differ- 
ence of hindrance of the vibration of the solid 
material, Curve b relates to a condition in which 
the hindrance was caused by the inner tube resting 
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against the surface, curve d to one in which there was 
hindrance of the cylindrical surface of the sample 
by the wall of the interferometer. We finally at- 
tempted therefore to measure ’’in the field’’ with 
both cylinders withdrawn so far that the material 
was just untouched (curve e). A considerable im- 
provement was found. The measured characteristic 
is now much more favourable than would be ex- 
pected for a non-flexible layer that would otherwise 
have the same properties, in agreement with pre- 
viously published theoretical predictions [4]. 

From these preliminary results we summarize as 
follows: 

a) field measurements of normal absorption with- 
out a guard tube seem unreliable; 

b) the new method with a guard tube seems 
reliable and may even be the only method available 
up at present for measuring rather flexible mate- 
rials; 

c) there has been found experimental evidence 
for the prediction made on theoretical grounds that 
flexibility of the solid material of a porous absorber 
improves the absorption at low frequencies. 
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Discussion 


Brit, P. V.: 1) Have the inner and outer tube been subdi- 
vided in order to avoid non-plane modes of vibration. 
2) Isn’t it sufficient to compensate only by adjustment 
of the intensity while disregarding possible phase differen- 
ces? This would constitute a considerable simplification 
and enable automatical adjustment of compensation. 


LECTURER: 1) The measurements were only carried out at 
such low frequencies that progressive non-plane waves 
could not exist. In earlier experiments avoiding non-plane 
waves by subdivision has turned out more difficult than 
it seems at first sight. 2) Small mismatch of phase has 
lead to considerable errors; disregarding phase differences 
is intolerable in my opinion. 

Narain, C.K.: How is sound leakage avoided when the 
measuring tubes are not in contact with the surface of 
the material ? 

LEcTuRER: Only by equalizing the sound pressures in both 
tubes. 

WATERHOUSE, R. V.: What precautions were taken to seal 
the join between sample and tube before compensation ? 

LeEcTuRER: None. ’’Sealing’” is only done acoustically by 
equalizing the pressures. 

BERANEK, L. L.: I wish to support Dr. KosTENn’s statement 
that the clamping effect on small samples in impedance 
tubes is very important. During measurements on samples 
0.2 x 0.2 m? we found serious effects due to clamping 
up to 400 c/s. 


THE MEASUREMENT OF ACOUSTIC PRESSURES 


IN MOVING AIR STREAMS 


by R. W. LEONARD 
University of California, Los Angeles 


Summary. The self-noise of several windscreens has been obtained at velocities from 5 to 15 
m/s and frequencies from 90 tot 3000 c/s. The study indicates an optimal screen flow resistance of 
0.06 oc. Streamlining a circular cylinder may reduce the noise 3 dB at frequencies 300 to 1000 c/s. 
The spectrum level of the noise varies as the 6th power of the air velocity near 250 c/s and as the 8th 


power near 1000 c/s. 


Sommaire. 


On a mesuré le bruit propre de plusieurs écrans 4 des vitesses comprises entre 5 et 15 


m/s, et pour des fréquences de 90 4 3000 Hz. Les résultats de l’étude donnent 0,06 oc comme résistance 
optimum de l’écran a l’écoulement. Par profilage en cylindre aérodynamique, on peut réduire le bruit 4 
3 dB aux fréquences 300 4 1000 Hz. Le niveau spectral du bruit varie comme la puissance 6 de la 
vitesse de l’air, au voisinage de 250 Hz, et comme la puissance 8, prés de 1000 Hz. 


Zusammenfassung. Das Eigengerausch verschiedener Mikrophon-Windschirme wurde im Fre- 
quenzbereich von 90 bis 3000 Hz bei Geschwindigkeiten von 5 bis 15 m/s ermittelt. Die Unter- 
suchung ergab einen giinstigsten Schirm-Strémungswiderstand von 0,06 oc. Ein stromlinienférmiger 
Zylinder kann das Gerausch im Bereich von 300 bis 1000 Hz um 3 dB herabsetzen. Der Gerausch- 
pegel andert sich im Spektralbereich um 250 Hz mit der 6. Potenz der Luftgeschwindigkeit und im 


Bereich um 1000 Hz mit der 8. Potenz. 
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1. Introduction 


In making sound pressure measurements in mov- 
ing airstreams, it is important to know the minimal 
acoustic pressures that can be measured in the 
presence of the self-noise of the microphone. The 
use of screens to shield microphones from air-flow 
is as old as the microphone itself, yet there seem to 
be little quantitative data in the literature. It is the 
purpose of this paper to present a limited amount 
of such data in the form of self-noise spectra showing 
the dependence of the spectrum level on air-stream 
velocity and frequency. 


2. Apparatus 


The apparatus consists of a rotating platform 
carrying a Western Electric 633A microphone on a 
tubular arm at a radius of 1.4 m from the axis of 
rotation. This rotating assembly is installed in an 
anechoic chamber; it is driven by a belt from a line 
shaft in the chamber. The variable-speed motor 
driving the line shaft is in the control room outside 
the anechoic chamber. The microphone connections 
are made through a telephone jack used as a rotating 
joint in the cable leading to the measuring equip- 
ment. The amplified signal from the microphone is 
passed through a half-octave filter set and read on 
a vacuum tube voltmeter. The half-octave levels are 
then reduced to spectrum levels for presentation. 
The period of rotation of the microphone arm is 
obtained by stop watch measurement. 

The windscreens were formed out of rabbit wire 
(1 cm mesh) and covered with cloth of different 
specific flow resistance. The fabric on the larger 
cylindrical screens was taped to the surfaces at the 
edges with masking tape. 

The cylinders, both circular and streamlined, 
moved through the air in a direction perpendicular 
to their axes. The ends of the cylinders were covered 
with cloth except where wood ends were used. 


3. Measurements 


A typical set of data is shown in the figure where 
spectrum level is plotted against frequency and air- 
velocity. These curves are for a cylindrical wind- 
screen of diameter 12.5 cm, length 21 cm and 
covered with materials of different specific flow 
resistance. For a cylinder of these dimensions a 
specific flow resistance of 0.06 oc seems optimal at 
the lower frequencies (lines drawn in full). The thin 
dashed curve (0.03 oc) and the heavier dashed curve 
(0.25 oc) are tied to the corresponding solid curve 
by diagonal lines. 

The velocities chosen are related to each other by 
multiples of the seventh root of ten. This makes it 

‘possible to estimate the power law in velocity. A 
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Fig. 1. Spectrum level in dB, reference 2 x 10-5 N/m?, as 
a function of frequency and air stream velocity for a 
cloth-covered circular cylindrical screen of diameter 
12.5 cm and length 21 cm. The air stream is set 
perpendicular to the axis of the cylinder. Solid curves 
for specific flow resistance of 0.06 oc. Thin dashed 
curve 0.03 oc. Heavier dashed curves 0.25 oc. The 
broken curves are linked to the solid curve of equal 
air velocity by diagonal lines. 


10 dB spacing indicates the spectrum level (power 
per 1 c/s band) varying as the 7th power of the air- 
velocity. It is interesting to note that a 7th power 
dependence is exceeded at 500 c/s and an 8th power 
at 1000 c/s. 

The spectrum levels of the 663A microphone 
without a screen are between 25 and 30 dB higher 
than those shown in the figure at the same air- 
speeds. 

A streamlined screen of frontal area equal to the 
cylinder used for the measurements in the figure 
showed 3 to 5 dB less spectrum level for the same 
air-speed above 300 c/s. The streamlined shape was 
12.5 cm thick and 28 cm in chord. The spectrum 
level of this screen was also minimised by a covering 
of 0.06 oc material for frequencies below 1000 c/s. 

No systematic study of scale effect has been 
possible thus far but measurements have been made 
on a smaller circular cylinder (7 cm in diameter 
and 12 cm long) of the same proportions, and it 
was observed to be 6 to 8 dB noisier than the one 
used above. The 0.25 oc covering may or may not 
have been optimal for its dimensions. 

In closing, the effect of turbulent flow requires 
mention. It was observed that the spectrum level 
was about 6 dB higher when the small cylinder was 
in the wake of an irregular body just upstream from 
the screen, The added noise due to the irregular 
body was estimated by reversing the direction of 
motion of the combination. Thus, it may be neces- 
sary to specify the turbulence in the air-stream 
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before it is possible to predict the self-noise spec- 
trum of a windscreen microphone combination. In 


any event a much more extensive study is needed 


to put acoustic pressure measurements in air- 
streams on an accurate quantitatieve basis. 


Discussion 


ZWIKKER, C.: It seemed that the curves dB = f(w) toward 
the low frequencies merged into a sequence corresponding 
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with a fourth power law (Jav*) as predicted by the theory. 
Is there any reason to expect a higher exponent law at 
higher frequencies ? 

LEcTuRER: The lowest exponent measured is 5 but probably 
tends toward 4. No explanation is as yet found for the 
higher exponents. 

Mawarol, O. K.: In answer to the remark by Professor 
ZWIKKER, I would like to point out that simple poles cannot 
be used to represent noise of aerodynamic origin. High 
order poles, however, can and, as LIGHTHILL has shown, 
the acoustic power would then follow an eighth power law. 


THE MEASUREMENT OF ACOUSTIC IMPEDANCE OF SMALL SAMPLES 


by O. K. Mawarpi 


Acoustics Laboratory, Department of Electrical Engineering, Massachusetts Institute of Technology, 
Cambridge 39, Massachusetts, U.S.A. 


Summary. A review is presented of some of the better known methods of measurement of acoustic 
impedance. The results obtained by these methods are critically examined. The effect of several 
small-scale phenomena on the results is discussed. The outcome of a survey sponsored by the American 
Standards Association on the evaluation of normal acoustic impedance from small samples is described 
and a comparison is made with expected absorption coefficients from reverberation room measure- 
ments. 


Sommaire. On passe en revue quelques unes des méthodes les plus connues de mesure de 
l’impédance acoustique. Examen critique des résultats fournis par ces méthodes. Influence de 
plusieurs petits phénoménes sur ces résultats. On indique les conclusions d’une étude entreprise sous 
l’égide de l’American Standards Association au sujet de la détermination de l’impédance acoustique 
normale de petites éprouvettes, et on fait la comparaison avec les coefficients d’absorption prévus 
d’aprés les résultats de mesures en salle réverbérante. 


Zusammenfassung. Es wird ein Uberblick iiber einige der bekanntesten Methoden zur Messung 
akustischer Impedanzen gegeben und dann werden die Resultate dieser MeBmethoden kritisch be- 
trachtet. Die Auswirkung einiger Phanomene geringerer Bedeutung auf die Resultate wird diskutiert. 
Das Ergebnis einer mit Unterstiitzung der American Standards Association durchgefiihrten Unter- 
suchung tiber die Bestimmung der akustischen Impedanz kleiner Proben wird beschrieben und mit 


den nach Hallraum-Messungen zu erwartenden Absorptionskoeffizienten verglichen. 


1. Introduction 


Several methods of measurement of acoustic 
impedance can be traced in the scientific literature. 
Quite a few of those methods are best suited for 
the determination of the impedance at normal in- 
cidence from small samples. These methods are of 
primary importance to the manufacturers of acoustic 
materials since they determine the inherent acoustic 
properties of the material. It is true that the evalua- 
tion of the behaviour of acoustic materials on a 
large scale is also an essential question, but it is ap- 
parent that the behaviour in the latter state is in- 
fluenced to a great extent by factors extraneous to 
the material (method of fixation, etc.). 

An important question in connection with the 
evaluation of impedance is the accuracy involved in 
the measurements. In order to develop a reliable 
method for the evaluation and rating of the absorp- 
tive properties of acoustic materials, the American 
Society for Testing Materials together with the 
American Standards Association coordinated its ef- 


forts in conducting a series of round-robin tests. 
These tests were made in order to evaluate the 
degree of agreement between measurements in dif- 
ferent laboratories. The purpose of this paper is to 
present the outcome of this survey and also to 
examine critically the limitations commonly encoun- 
tered in the methods of measurement. It is intended 
here to make some remarks of a general nature 
rather than to discuss each known method on an 
individual basis. 


2. Remarks on methods of measurements 


In order to simplify the instrumentation aspect 
of the problem the normal specific acoustic impe- 
dance for a material is usually evaluated for plane 
waves. Upon consideration of the known methods 
of impedance measurement one can classify without 
too much difficulty nearly all of the methods in 
two broad groups. In the first are those which 
utilize data measured at the surface of the material. 
In the second group, on the other hand, measure- 
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ments are made at points remote from the surface of 
the sample. 

Of the two groups, the first seems to be more 
direct and one would believe that it would yield 
more readily the value of the normal specific im- 
pedance. But in fact, this is not true in general. 
Several disturbing factors set by the physics of the 
situation causes it to depart from the idealized con- 

dition of a plane wave incident on the material 
under test. For instance, let it be assumed that the 
surface irregularity of the material (Fig. la) be of 
the order of a depth J, or let a detector whose size 


- 


LW Ui 
® ® 


Fig. 1. Two idealized configurations for the irregularities 
mentioned in the first group of methods of meas- 
urement. 


is described by a characteristic length / be introduced 
in the vicinity of the material (Fig. 1b). It is readily 
shown that the uncertainty in the value of the 
measured impedance is of the same order of magni- 
tude as that for the time that is derived from an 
"uncertainty principle’ 

AE fac I, 
where At = l/c, c being the velocity of sound, f 
the frequency and / defined from Fig. 1. By means 
of the relation f = c/A, the above becomes 

Oa a Os 
The truth of the previous statement is easily checked 
on Fig. la. At the mouth of the irregularity the 
impedance is approximately that of spherical waves, 
while away from it, it is practically that of plane 
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waves, Roughly then, the two local impedances differ 
by Kl, i.e. approximately 1/2 which proves the point. 

On the other hand, when the methods of the 
second group are considered, it is expected that 
local field irregularities, if any, will have decayed at 
a reasonably short distance from the sample. A 
typical example of such an instance is encountered 
in any of the techniques involving standing wave 
patterns in a tube. Slight consideration of the matter 
on hand leads to the conclusion that the measured 
value of the impedance is not the true specific 
impedance, but an equivalent impedance which will 
yield the correct values for the energy dissipated in 
the sample and for the reactive energy capable of 
being stored in the material. 

The limitation on this second group of methods 
of measurements is often turned to advantage in the 
evaluation of the dependence of the impedance on 
edge effects (diffraction effects) or absorption cross- 
section, etc. Typical schematic arrangements are 
shown in Fig, 2a and 2b. The impedance as evaluated 


Fig. 2. Possible experimental arrangement for the evaluation 
of edge effects (a) and scattering cross-section (b). 


by means of the second group is usually found from 
Q, the quality factor, of this system or from energy 
considerations. It is not difficult to demonstrate that 
nearly all methods can indeed be reduced to a formu- 
lation leading to either one of the two above men- 
tioned concepts. 

Due to the wide variety of the methods that have 
been developed it is difficult to conceive a simple 
and general method of comparison of relative merits. 
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Fig. 3. Experimental findings of round-robin test described in the text. R/gc values at the ‘lowest 
frequency in Fig. 3c are not indicated, as long tube measurements become unreliable for hard 
specimens. The point shown for 125 c/s corresponds to short tube finding. 
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3. The data 


It is now intended to present typical results of 
measurements as illustrated on the round-robin test 
previously mentioned in the introduction. The 
samples sent to each of the participants were chosen 
as representative of commercial tiles and were care- 
fully selected on the basis of reverberation measure- 
ments. At 5000 c/s the samples indicated a maxi- 
mum deviation of the absorption coefficient of 0.01 
from the mean. All measurements were to corres- 
pond to the case of rigid backing. The accompanying 
graphs (Fig. 3) illustrate the results obtained from 
different laboratories using so-called "long tube or 
short tube methods.”’ 


4. Conclusion 


Inspection of the data indicates that the scatter 
in it is not too serious. Furthermore, it compares 
very favourably by contrast with the scatter usually 
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encountered in the "observed’”’ absorption coeffi- 
cients. By observed coefficient. is meant the value 
deduced from the conventional reverberation for- 
mula with no correction for the diffraction effect of 
the edges. On the basis of the result of the survey 
it seems reasonable to suggest the use of the impe- 
dance in specifying acoustic material. 

The author would like to express his gratitude 
to Mr. H. C. Lane for making the results of the 
survey available to him. 


Discussion 

VocEL, TH. M.: M. Mawarnpi a fait des remarques trés im- 
portantes sur le rdle des irrégularités du matériau. Je 
voudrais rappeler que j’ai décrit récemment [1] une 
méthode de mesure d’ou: l’on peut déduire les impédances 
normales et qui diminue l’importance des irregularités: en 
effet, d’une part les échantillons ont 1 m® de surface, et 
de l’autre on peut montrer que c’est la moyenne super- 
ficielle de a que l’on mesure. 
[1] VoceL, Tu. M., Ann. Télécomm. 8 [1953], 93. 


MEASUREMENT OF FLOW VELOCITIES IN WIND TUNNELS 


BY ACOUSTIC METHODS *) 
by O. K. Mawarp1 


Acoustics Laboratory, Department of Electrical Engineering, Massachusetts Institute of Technology, 
Cambridge 39, Massachusetts, U.S.A. 


Summary. An acoustic method is proposed for the evaluation of the average flow velocity in 
wind tunnels. The method is based on an estimate of the effect of a mean velocity of the medium on 
the time of arrival of a sound signal. The effect of the boundary layer on the propagation of sound 
waves is discussed. The results obtained by the method are expected to yield a reasonably good 
accuracy. 


Sommaire. On propose une méthode acoustique de détermination de la vitesse moyenne de l’écoule- 
ment dans les souffleries. Dans cette méthode, on évalue l’influence d’une vitesse moyenne du milieu 
sur le temps de parcours d’un signal sonore. On examine l’effet de la couche limite sur la propagation 
des ondes sonores. On estime que cette méthode doit fournir des résultats avec une précision raison- 
nable. 


Zusammenfassung. Es wird eine akustische Methode vorgeschlagen, um die durchschnittlichen 
FluBgeschwindigkeiten in Windkandlen zu bestimmen. Bei dieser Methode benutzt man den Einflu8 
einer Bewegung des Mediums auf die Ankunftszeit eines Schallsignals. Die Auswirkung der Grenz- 
schicht auf die Ausbreitung von Schallwellen wird diskutiert. Man erwartet, daB die mit dieser Metho- 


de gewonnenen Ergebnisse eine ziemlich gute Genauigkeit ergeben. 


1. Introduction 

In conventional methods of measurement of flow 
velocities an instrument such as a pitot tube or a 
plate thermometer is usually inserted inside the 
main stream. The stream velocity is then evaluated 
in terms of the flow parameters registered by the 
instrument. An unavoidable error in the results, 
however, is introduced when using such methods, 
since the presence of the instruments in the main 
flow locally disturbs it. 


*) This research has been supported in part by a contract 
with the United States Air Force. 


In order to avoid the introduction of instruments 
in the flow several investigators [1] have tried 
acoustical techniques for the evaluation of flow 
velocities. When boundary layer effects are not 
taken into account, these methods yield incorrect 
values for the velocities. As boundary layer correc- 
tions are difficult to evaluate, these methods have 
been abandoned. The technique proposed here, on 
the other hand, makes use of propagation in the 
boundary layer and a preliminary approximate 
theory of propagation of sound waves in the boun- 
dary layer is presented. 
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The advantage of this method is that under cer- 
tain conditions the disturbances introduced in the 
main stream are considerably reduced. 


2. Propagation in the boundary layer 


The concept of the boundary layer was introduced 
in 1904 by PRANDTL [2]. This layer is a region of 
comparatively small thickness near the surface of a 
body moving with respect to the fluid around it. 
In that layer the viscous forces are comparable to 
the inertia forces and the relative speed between 
the body and the fluid decreases rapidly to zero. 

This thin layer is an ideal sound channel for the 
‘purpose on hand. When the main stream velocity 
is supersonic the whole sound energy would be 
localized in the boundary layer. Unfortunately, this 
state of affairs is rarely encountered. As is well 
_ known, the flow in the boundary layer is highly 
unstable and extensive investigations have been done 
to study the stability criteria of flow in boundary 
layers. In the approximate analysis given here it 
will be assumed that the flow is laminar and that 
conditions are such that the boundary layer is stable. 

The equations of flow in the boundary layer will 
be now established. The discussion will assume a 
two dimensional viscous flow along a flat plate. 
Following the conventional derivations for flow in 
a boundary layer [3], one starts from the equations 
of motion and continuity. These are, 


du ou 1 op 


ou 
Bi ae By. pe egal a) 
ov ov Ov 1 op NE 
eer meray Tg ay TY” 
ou ov 
Beabcy . (2) 


where u, v are the component velocities, o the 
density, p the pressure and » the kiriematic viscosity, 
The conventional assumption of incompressibility 
has also been made (eq. 2). This is justified because 
of the small size of the boundary layer thickness. 
Let the velocity u be (u* + U), in which U, the 
main stream velocity, is a function of y only, the 
y-axis being perpendicular to the boundary. For 
infinitesimal acoustic disturbances superimposed on 
the motion in the boundary layer, all quantities of 
second order can be neglected. Let it also be assumed 
that the v component of velocity is dependent on 
the form, 
v = @ (y)ei*. (3) 
By virtue of eq. (2), the relation for u* is found to 
satisfy the condition 
jku* = — dv/dy. 

For a time dependence ei” elimination of the 
pressure between the two relations (1) and use of (2) 
and (3) leads to, 
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(uv Ie $) (®” — 6) — U"O = 


= = (D'"" + 2@" + 4D) (4) 
which is the well-known relation for the boundary 
layer near a flat plate [4]. Let it be now assumed 
that the distribution of the velocity U(y) is as shown 
in Fig. 1, 0, being the thickness of the boundary 


10 
WU; \ 
| 
! 


10 n=y/by 
Fig. 1. Velocity distribution in the boundary layer. 


layer. This departs from the conventional BLasrus 
distribution, but the linear assumption has been 
adopted since it simplifies the mathematical mani- 
pulations, Writing 


O05 ae 5, Sas As tA, 

a = w* and oe 

the above equation (4) becomes, 
(nF) fo") — POM = 

= = "+ 280" +60), (4+) 


For high REYNOLDs numbers, which is the case of 
most interest to us (4’) transforms to 


(yn — w*/A) (O” — #O) = 0. (5) 
As long as (y — w*/A) 40, the equation to dis- 
cuss is 


oO” — PD — 0. (6) 
The solution of eq. (6) is 
@ = Ae” + Be, (7) 


Introducing the boundary condition requiring v to 
vanish at 7 = 0, there follows 


® = sinh dn. (8) 
Integration of the left hand side of eq. (4), with the 
proviso of R >> 1, leads to [5] 


eee 
(1 =o =) A [®' (y)] —A (5) =0 (9) 
where A refers to a finite difference and where the 
integration has been carried between the two sides 
of the line 7 = 1, i.e., from the boundary layer to 
the mean stream. 

As the model chosen implies that ® is a function 
of y inside the boundary layer and is zero outside 
of the layer, i.e., in the free stream, it is possible 
to write 

A [®’ (y)] = A cosh A. 
Also by inspection of Fig. 1, 4 (@U/éy) = 1. Con- 
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sequently substitution in the above relation (9) 
leads to 


* 
(1-5) A cosh 4 — sinh 4 =0 


which is the relation between the forcing frequency 
and the wave number. The functional relation 
between w* = wb,/U, and 2=kb, is shown in 
graphical form in Fig. 2. 
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Fig. 2. Functional dependence of the relative wave number 
= kb, on the relative frequency w* = wb,/U,. 
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Fig. 3. Dependence of the group velocity C, and the phase 
velocity C, on the relative number A = kby. 


It is now possible to discuss the propagation of 
sound waves in the boundary layer by means of 
eq. (10) since it yields both the group and phase 
velocities (Fig. 3). These two velocities are 


@* 
Cu FU, (F-)= 4, (1 = a 


a 2 = U, (1 — sech? ). 


3. The experimental procedure 


Two possible arrangements suggested by the pre- 
vious discussion can be used. A source S sends a 
signal which is picked up by two microphones 
placed at A and B respectively (Fig. 4), and at a 
distance | apart. When the signal sent by S is steady 
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Fig. 4. Proposed experimental arrangement; S is source 
position, A and B are the microphone locations. 


and has a time dependence of the form cos wt, 
then the phase difference 6 between the signals 
picked up at A and B is related to the main stream 
velocity U, in the manner, 

ol 

tanh kb, 

a(S) 
from which the velocity U, is determined. On the 
other hand when the emitted signal has a time 
dependence cos w,t (1 + cosm,,t) then the phase 
difference of the envelope is related to the stream 
velocity U, through the expression 


d= 


Oml 
U, (1 — sech? kb,) * 
Since the group velocity in the latter expression 
very rapidly reaches its maximum value, it is 


d= 


Oml 


indicating that the second possibility is more con- 
venient. 
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Discussion 


RICHARDSON, E. G.: In view of the fact that the source will 
radiate from the walls of the tunnel in all directions into 
the boundary layer in which the velocity is diminishing ra- 
pidly, will not various waves refracted along different paths — 
arrive at the microphone, and will there not be difficulty 
in distinguishing them, particularly as they will be differ- 
ently damped? 

LectTurER: At supersonic speeds all the sound is restricted 
to the boundary layer. We have further calculated the 
zone of silence in the layer and found that the first skip 
distance is of the order of about eight times the thickness — 
of the layer. Since the boundary layer thickness is nearly — 
5 x 10-* m, it is safe to neglect completely the interference 
effects and consider the boundary layer as an ideal propaga- 
tion channel. 

PaHub, J. PH.: Comment sont construits les transducteurs 
émetteurs et récepteurs ? 

Lecturer: Les transducteurs sont des microphones conden- 
sateurs. ‘ 
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A MEASURING SET FOR ACOUSTICAL AND MECHANICAL IMPEDANCES 


by J. Y. Morton 


Post Office Engineering Department, London. 


Summary. The method used is to compare the impedances to be measured with known impedances 
of the same type. The impedances are applied to electro-acoustical or electro-mechanical transducers 
which adapt a common electrical circuit for the type of measurement required. Facilities are provided 
for giving readings of the modulus and phase of the unknown impedance. 


Sommaire. Dans la méthode utilisée, on compare les impédances 4 mesurer avec des impédances 
connues, du méme type. Les impédances sont branchées sur des transducteurs électro-acoustiques ou 
électro-mécaniques, qui assurent l’adaptation 4 un circuit électrique ordinaire, correspondant au type 
de mesure a faire. Il est prévu des dispositifs permettant de connaitre le module et la phase de l’impé- 
dance inconnue. 


Zusammenfassung. Bei der beschriebenen MeBmethode werden die zu messenden Impedanzen 
mit bekannten Impedanzen gleichen Typs verglichen. Die Systeme werden iiber elektroakustische 
oder elektromechanische Wandler an einen gemeinsamen elektrischen Kreis angepaBt, welcher der 
gerade erforderlichen Messung entspricht. Es sind Méglichkeiten vorgesehen, um eine direkte An- 


zeige von Betrag und Phase der unbekannten Impedanz zu erhalten. 


1. Introduction 


The equipment was designed as a research tool 
to measure the acoustical load impedance of hearing 
aid air-conduction receivers and the mechanical load 
impedance of bone-conduction receivers in the fre- 
quency range 200 to 5000 c/s with the object of 
providing design information for an artificial ear 
and an artificial mastoid, but as will be appreciated 
it has a far wider field of use. The measurement of 
acoustical impedance by a similar method has been 
demonstrated by Mr. E. R. WicAwn of the British 
Signals Research and Development Establishment; 
this measuring set is a further development, and 
enables either a mechanical or an acoustical impe- 
dance to be measured. 


2. Method 


The method is best illustrated by analogous 
electrical circuits and it will be seen from these that 
the design can also cope with measurements of 
electrical impedance. 


2.1 Constant voltage 


In Fig. 1 a generator of e.m.f. E, and internal 
impedance Z, has a pair of output terminals to 
which various impedances may be connected, and 
between which a potential difference V exists. If 
the terminals are open-circuited the terminal poten- 
tial difference is V, and is equal to E, (Fig. la). 
If now an unknown impedance Z, is connected to 
the terminals the voltage changes but it may be 


Fig. 1. Constant voltage circuit. 


restored to its original value Vo, in magnitude and 
phase, by increasing the generator e.m.f. by some 
amount E, as shown in Fig. 1b. Similarly for a 
known impedance Z, (Fig. lc) a corresponding 
e.m.f. E, may be found. The solution of the three 
simple equations for the three parts of Fig. 1 gives 


E 
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In Fig. 2a the generator of Fig. la is replaced by 
a sound source including and terminated in a small 
cavity with an opening defining a measuring plane 
which corresponds with the generator output ter- 
minals; ,Z, is the acoustical impedance of this 
source. The generator e.m.f. Ey of Fig. 1a is replaced 
by the sound pressure P, and the terminal voltage 
V, by the sound pressure py measured at the meas- 
uring plane when no volume current is permitted 
to flow, i.e. when the aperture is closed by a rigid 
wall. 


Measuring plane 
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Fig. 2. Acoustical analogue of Fig. 1. 


If an unknown acoustical impedance ,Z, is pre- 
sented externally to the measuring plane, Fig. 2b, 
the sound pressure measured there, p say, will in 
general differ from the blocked value po. The input 
from the source may be altered to restore p to its 
original value p) in magnitude and phase. The 
change in input may be specified by the resultant 
increase P,, in sound pressure, measured with the 
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aperture blocked. Clearly P, is the analogue of E, 
in Fig. 1b, Similarly if a known impedance ,Z; is 
presented at the measuring plane, Fig. 2c, a sound 
pressure P, may be found which is the analogue 
of E, of fig. 1c. By analogy with the electrical cir- 
CUS 72k — aoe 

It is convenient to use acoustical compliances as 
known impedances. 


2.1.2. Adaptationto electrical meas- 
urements 


The measuring plane pressure py) may be con- 
verted into an electrical e.m.f. e) by means of a 
probe tube microphone, and the sound pressure 
increments P, and P, derived from electrical in- 
crements E, and E, by using a linear electro- 
acoustical transducer. In terms of the input voltage 
to this transducer ,Z, = 4; E./E,. 

The probe tube microphone is part of the source 
impedance ,Z,) and need not be a linear transducer. 


2.2. Constant current 


In Fig. 3a the terminal current delivered by the 
generator has the value J, = E,/Z) when the ter- 
minals are short-circuited. If impedances Z, and Z;, 
are connected as in Figs 3b and 3c, the output 


Io 1y Ip 
4 f) Zo 
£5 & y E, 4 
& & 
@® ©) © 


Fig. 3. Constant current circuit. 


current changes, but may be restored to J), in magni- 
tude and phase, by injecting additional e.m.f.’s E, 
and E, respectively. The solution of the equations 
for the three separate conditions gives Z, = Z, E,/E,. 


2.2.1. Mechanical analogue 

Fig. 4 represents the mechanical analogue of Fig. 
3; the velocity of the measuring surface vy represents 
the constant current J, and is measured by a piezo- 
electric element. When an unknown impedance 


Measuring surface 


Fig. 4. Acoustical analogue of Fig. 3. 


m4&z 1S applied to the measuring surface an increment 
of F, in the force Fy applied to it is required to 
restore its velocity to its original value, Fig. 4b. 
Similarly an increment of F, is required when a 
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know impendance ,,2,, which takes the form of a — 
mass, is applied, Fig. 4c. By analogy with the electri- 
Cali Circuit — Zt Gea ots 

In terms of input voltage to the linear electro- 
mechanical transducer producing F, and Fy, »Z, = 
m&k E,/E2. 

The piezo-electric element is part of the source 
impedance ,,Z) and need not be a linear transducer, 


3. Electrical circuitry and operating procedure 


Fig. 5 gives one of the many possible circuits which 
may be used. The simplest method of explaining 
the function of the various circuit elements is to go 
through the sequence of operations necessary to 
make a measurement. In the first stage Ey is applied 
to the electro-mechanical transducer through the 
combining unit. The velocity vy of the measuring 
surface causes an e.m.f. ey to be generated in the 
piezoelectric element attached to it. This e.m.f. is 
compared with an auxiliary source e.m.f. @9’ which 
is adjusted in magnitude and phase until it equals 
€) as shown in the null detector. 


ey a4 Z Null detector 
S}-AZ}E 


Combining unit 


phase shifters 
Fig. 5. Common electrical circuit and mechanical adapter. 


In the second stage the unknown impedance is 
applied to the measuring surface and the E, source 
is adjusted in magnitude and phase until the null 
detector indicates that the velocity of the surface 
has been restored to vp. 

In the third stage a known mass is applied and 
the E, source is adjusted in magnitude and phase 
until the velocity has again been restored to vp. 

The comparator, which consists of two voltage di- 
viders and a phase measuring set, is then brought 
into operation and gives the modulus and phase 
angle of the unknown impedance. The calibrations 
of the E, and E, phase shifters and level controls 
may be used to give an approximate value without 
recource to the comparator. 

In measuring acoustical impedances the mechani- 
cal adapter is replaced by an acoustical one and a 
similar procedure is applied. Impedances can be 
determined within + 1% if suitably designed 
electro-acoustical or electro-mechanical transducers 
and reference impedances are available. 


‘ 
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4. Awkward position technique *) 


A technique has been developed for measuring 
acoustical impedances which cannot normally be 
connected directly to the measuring plane, such as 
the impedance ,Z, looking into the ear from the 
plane of the tip of an ear-mould (Fig. 6a). 


ale 


Ear drum 
Ear-mould: 1 Ear canal 
@ i} 
lube 


Fig. 6. Measurement of acoustical impedances in awkward 
positions. 


The input impedance of a tube terminated by 
the unknown impedance ,Z, is measured (Fig. 6b). 
The tube is withdrawn from the acoustical system 
in which the unknown impedance is situated and 
the latter is replaced by a continuously variable 
acoustical impedance ,Z, (Fig. 6c) which is de- 
scribed below. The variable impedance is adjusted 
until the input impedance of the tube is repeated. 
This occurs when the variable impedance equals the 
unknown impedance, hence by measuring the former 
it is possible to obtain the value of the unknown 
impedance. 

When measuring the impedance from the tips of 
ear-moulds the tube takes the form of the ear- 
mould canal. 


4.1. Continuously variable acoustical impedance 


Fig. 7a gives the electrical analogue. If the poten- 
tial difference across the connections between the 
two electrical circuits is V and a current I flows 
the effective impedance of circuit No. 2 is given 
by Z=V/I. If circuit No. 2 is replaced by a 
generator, the e.m.f. of which is adjusted until its 
terminal voltage is equal to V (Fig. 7b) then the 
effective impedance of the generator will equal V/J 
which is equal to that of circuit No. 2. This follows 
from the fact that the generator and circuit No. 2 
can both be replaced by a second generator of zero 
internal impedance and e.m.f. equal to V in accord- 
ance with the compensation theorem. As circuit 
No. 2 can have an infinite number of impedance 
values, the generator of Fig. 7b becomes a continu- 
ously variable electrical impedance. 


*) This section formed part of the discussion, but is added 
to the paper for convenience of the reader. 
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The acoustical analogue of Figs. 7a and b is given 
in Figs. 7c and d. The sound pressure P in the 
connection between the two acoustical systems of 
Fig. 7c is the analogue of the voltage V in Fig. 7a. 
If system No. 2 is replaced by a sound source, P 
will in general change but it can be restored to its 
original value by adjusting the electrical stimulus to 
the source in magnitude and phase (Fig. 7d). By 
analogy with the electrical circuits the effective 
impedance of the sound source will then be the 
same as system No. 2, and as system No. 2 can have 
an infinite number of impedance values the sound 
source becomes a continuously variable acoustical 
impedance. 

When measuring the effective impedance of the 
sound source it is necessary to maintain the sound 
pressure P at the plane of its connection to the 
measuring set. This is facilitated by using a probe 
tube microphone, a null detector and reference 
voltage source similar to that used in the impedance 
measuring set, and adjusting the E, channel of the 
measuring set (Fig. 5) in magnitude and phase until 
a null is obtained. 


Electrical 
circuit 
No,1 ? 


Electrical 
circuit 


Electrical 
circuit 


No.1 No, 2 


Acoustical Acoustical 
system P system 
“en P| Ser | 


Acoustical 
system 
No.1 


Fig. 7. Continuously variable acoustical impedance. 


The sound source may be adjusted to a given 
acoustical impedance by connecting it to the meas- 
uring set and adjusting its electrical stimulus until 
the readings on the set correspond with the desired 
impedance. If this impedance is to be placed in 
another acoustical system it will again be necessary 
to maintain the sound pressure at the plane of 
connection of the sound source. 


4,2. Mechanical analogues 

The "awkward position technique’”’ and a con- 
tinuously variable mechanical impedance will have 
applications in the mechanical field if they can be 
achieved in practice, in particular the latter might 
be used to produce pure mechanical resistance or 
compliance. 
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Discussion 


Gayrorp, M. L.: What are the limitations on accuracy of 


measurement at frequencies above 5 kc/s for acoustical 


impedance measurements ? 

LEcTURER: Mainly the size of the microphone probe compared 
with the diameter of the measuring cavity and the volume 
of the measuring cavity. 

Brown, R. E. C.: What is the order of accuracy of the 
measurements obtained and the time taken to make the 
measurements ? 

LeEcTuRER: For inert impedances the accuracy can be of the 
order of + 1% and the time taken for individual measure- 
ments is of the order of 30 seconds. When measuring the 
mechanical impedance of people’s mastoids and the acous- 
tical impedance of their ears considerable time is required 
to position the subjects correctly and so it is only possible 
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to make approximately 40 measurements a day. Repeat 
measurements show a scatter because of slight differences 
in the position of the subject and, in addition in the acous- 
tical case, because of the difficulty of measuring through 
the low reactance of the ear-mould well cavity at high 
frequencies. 


Danson, R. S.: At the National Physical Laboratory we have 
independently been making measurements of the mechani- 
cal impedance of the mastoid process in connection with 
the objective calibration of bone-conduction receivers for 
audiometers and hearing aids. We have used a method 
equivalent to that described by Mr. Morton and have 
found the method very useful and accurate. The results 
are given in a paper in section IV of the Congress. The 
frequency range covered. is from about 100 to above 6000 
c/s. ; 


THE DESIGN OF AN ACOUSTIC IMPEDANCE METER 


by A. K. NIELSEN 
Telefon Fabrik Automatic, Copenhagen 


Summary. The sound field in a cylindrical tube has been computed for various source configura- 
tions. The pressure distribution functions corresponding to simple piston sources are shown graphi- 
cally, and the computations are utilised in the design of an acoustic impedance meter. Some results 
of impedance measurements are given. 


Sommaire. On a calculé le champ sonore produit dans un tube cylindrique par des sources de 
différentes configurations. On donne sous forme graphique les fonctions distribution de la pression 
qui correspondent a des sources du type piston simple, et on se sert des résultats du calcul pour 
établir un impédancemétre acoustique. On donne quelques résultats de mesures d’impédance. 


Zusammenfassung. Das Schallfeld in einem zylindrischen Rohr wurde fiir verschiedene An- 
ordnungen der Schallquellen berechnet. Die Funktion der Schalldruckverteilung unter Voraussetzung 
einfacher Kolbenschwinger als Schallquellen wurde graphisch dargestellt. Die Berechnungen werden 
zur Konstruktion eines akustischen Impedanzmessers benutzt, und einige Resultate von Impedanz- 


messungen werden angegeben. 


1. Introduction 


The surface method [1], [2], [3] for the meas- 
urement of acoustic impedance is based on a sound 
source with a high intrinsic impedance producing 
a constant volume velocity into a short tube closed 
by the sample to be measured. The average sound 
pressure in the coupling tube is then a measure of 
the acoustic impedance of the sample. 

A detailed knowledge of the sound field in the 
coupling tube is useful, and the first part of this 
paper is reserved for a general numerical discussion 
of the sound field due to various source configura- 
tions. In the second part of the paper it is shown 
how these computations may be utilised in the 
measurement of acoustic impedance. 


List of symbols 
= tube radius 
= sound pressure 
= particle velocity 
= density of medium 
= velocity of sound 


ono FB A 


k =a/c = wave number 
x, = n'th root of J,(x) 

k,, = #,/a 

Ty = ne re ke 


Zin = Specific acoustic impedance ratio of terminal 
for n'th order mode 

Zen = jk/, = characteristic specific 
ratio of n'th order mode 


impedance 


F (=, = = pressure distribution function, rand x 

: being cylindrical coordinates of points 
in the tube, r being measured from 0 
to a, x from 0 to l. 


2. The sound field in a tube of circular 
cross-section 


A certain source distribution is assumed for x = 0 
which may be expanded in a Fourtrer-BEssEL series 


[4], [5], y 

i x Un Jo(kpr) e@'; (1) 
it is convenient to normalize the expansion so that 
Us = 1. 
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The sound pressure may be written as 
P= X Z'u(2) tn Jolnr) €5* = ec (py + Spx) ee (2) 
and the transfer impedance Z,,’(x) is 
Zn (x) = 


oc Ze Zin cosh Un lise, x) at Licin sinh Un (J a 


meesmhiy,( + Z,, cosh u,, 1 (3) 
The pressure distribution function is now defined 
as 
He). Pn 
F(z,2) = jka’ (4) 
For low frequencies and a reasonable length 
mer; the tube, ie. for k<<k, and p, (l — x)>> 1, 


F (r/a, x/a) may be shown to be dependent on the 
geometry of the source only, viz., 


F(Z, 2) = 3 sey tert ty Jo a) 


‘Gla 
For a piston source extending from r = 0 tor = a, 
we find 
2 
u(r) = (4) rm SiS ule) — 0, .ap<raa 


ay 
Pe SS a 2 J, (knay) 
u(r) = 1 + 2 eae), Jo (knr). (5) 
The corresponding F(r/a, x/a) functions have been 
computed for some values of the parameters, Figs. 


14, 


3. The method of measuring acoustic 
impedance 


It is at once evident from the curves Figs, 1 --- 4 
that for each particular sound source a radial distance 
may be found which is best suited for the measure- 
ment of the average sound pressure in each cross- 
section. Even a very irregular pressure distribution 
may be tolerated in a cross-section if the average 
pressure is measured correctly. 


02 04 06 08 10 


— r/a 


16) 
ON io moons. O2 0 
va —— 


Fig. 1. Pressure distribution function for a,/a = 0.2. 


It was desirable to use condenser microphones 
both as a sound source and as a microphone. The 
' "Western Electric’ 640 AA could be used for both 
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Nil Sa 
Fig. 2. Pressure distribution function for a,/a = 0.4. 
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——-_ p/a 


purposes, and the method used might be thought 
of as a variation of the usual pressure calibration 
by the reciprocity principle [6]. The usual reci- 
procity calibration is based on the knowledge of an 


-02 ee ee Ee EE ees 
KO 10te (he) MOKA OA (OO (OV (YER (OX) (08) 10, 


Me) = St 
Fig. 3. Pressure distribution function for a,/a = 0.6. 


acoustic impedance, e.g. that of a small cavity, from 
which the response of the microphones is deduced. 
Here, conversely, the responses of the microphones 
are known, but the impedance of the coupler should 
be determined. 


0.2 T T 


Es y T T 
Bee x/a=0.1 a, /a=08 
x<|S (0 
sis 0.4 
Ww 9 JY 
3s 08 
-0.2 
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Fig. 4. Pressure distribution function for a,/a = 0.8. 


The principle of the apparatus is shown on Fig. 5, 
The tube diameter is 4.75 cm, the source micro- 
phone is mounted coaxially with the tube and the 
receiving microphone is placed close to the source, 
the sound pressure being measured through a very 
short tube. It is possible in this way to obtain a 
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reasonable flat frequency response up to 4 kc/s at 
least [3]. 


microphone microphone 


Fig. 5. Measuring apparatus with adjustable piston for con- 
trol measurements. 


The apparatus constructed were tested by meas- 
uring the impedance Z,, of the closed tube as a 
function of the length at a fixed frequency. 

Fig. 6 shows one curve measured at 2 kc/s. The 
source corresponds approximately to that shown in 
Fig. 2, i.e. a,/a = 0.4, hence the position of the 
probe tube should be about r/a = 0.6 for an axial 
position x/a = 0.1. The full line is the computed 
impedance curve 

Zee cos k (1 — x) 
joc sin kl i 
and the agreement with the measured points is good, 
although the pressure varies about 15 dB at the 
measuring cross-section. 
10 


0 O51 T 

kl 

Fig. 6. Impedance ratio Z,,/jgc of the closed tube, measured 
and computed for x/a = 0.1. 


1591 


It would be desirable to reduce the measuring 
distance x/a as far as possible. On Fig. 7 is shown 
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the computed impedance curve Z,,/joc = — cotkl 
for x = 0 and the points shown are measured at 2 


_and 3 kc/s. It was found experimentally that the 


radial position of the probe tube in this case should 
be about r/a = 0.55, and this is in agreement with 
the computed pressure distribution curve for 
x/a = 0 on Fig. 2 shown in dotted line. The con- 
vergence of the formula is very slow for x/a = 0, 
so only part of the curve is given. 


Fig. 7. Impedance ratio Z,,/joc of the closed tube, measured 
and computed for x = 0. 
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Discussion 


Morton, J. Y.: Mr. Nrewsen’s difficulty in obtaining a micro- 
phone with a good frequency response might be solved 
by using a moving coil probe tube microphone. At the 
British Post Office Research Laboratories we have moving 
coil instruments with a flat response up to 10 kc/s; Mr. West 
is reading a paper on these in this conference. 

Lecturer: Such a microphone type has indeed been con- 
sidered, but it was found difficult to obtain a high acoustic 
input impedance without reducing the sensitivity too much. 


Morton, J. Y.: At the B.P.O. laboratory we have used a. 


probe tube of internal diameter 0.9 mm and no difficulties 
have been experienced due to acoustic loading when 
measuring even small cavities. 

Lecturer: The attenuation of such a probe tube is at least 
of the order 30 dB, and this is too much when a condenser 
microphone is used as a sound source, because the sound 
pressure produced is very limited. 


OOO 
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SECTION III: ACOUSTIC MEASUREMENTS, RAES 


par A. C. Rags 


Ecole Nationale Supérieure d’Architecture de Bruxelles 


Sommaire. On décrit trois méthodes qui se sont révélées précieuses en acoustique architecturale. 
Leur principe essentiel est la séparation dans le temps et dans l’espace des ondes incidentes et 
réfléchies: 1) Essais avec ligne de transmission pour de petits échantillons sous incidence normale 
avec un appareil a lecture directe du coefficient de réflexion; 2) Essais en salle libre de matériaux 
absorbants, panneaux vibrants et rideaux sous incidence normale; 3) Essais sous incidence oblique. 
Extension de la méthode précédente. 


Zusammenfassung. Es werden drei fiir die Bauakustik sehr ntitzliche MeBmethoden beschrieben, 
bei denen man im Prinzip die einfallende und reflektierte Welle zeitlich und raumlich trennt, so daB 
sie unabhangig voneinander gemessen werden kénnen. So werden die Rechnungen auf ein Minimum 
beschrankt. Man kann bequem und mit groRer Schnelligkeit kleine Proben bei senkrechtem Einfall 
priifen. Ein direkt anzeigendes MeBgerat fiir den Reflexionskoeffizienten wird beschrieben. Weiter 
wird eine Konstruktion zur Messung schon befestigter Absorptionsmaterialien, einschlieBlich Platten- 
absorber und Vorhangen, bei senkrechtem Einfall angegeben, wobei diese nicht beriihrt werden; dazu 
als Weiterentwicklung eine Methode fiir Tests bei schragem Einfall. 


Summary. A description is given of three methods which proved to be useful in architectural 
acoustics. The main principle is to separate the incident and the reflected waves in time and space 
so that they can be measured independently of each other. Calculations are thus reduced to a minimum. 
1) Acoustical transmission line tests. Convenient to test small samples under normal incidence. Allows 
great operational speed. A direct reading reflection coefficient meter is described. 2) Free room 
tests. Designed to test absorbing materials, including vibrating panels and curtains, in situ and without 
touching to them, under normal incidence. 3) Oblique incidence tests. Development of the preceding 
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MESURES DES COEFFICIENTS DE REFLEXION EN AMPLITUDE ET PHASE 


case. 


1. But 


Les méthodes de mesures décrites ci-aprés ont 
pour but essentiel la mise au point et le contréle 
des matériaux et des travaux. Nous avons donc 
cherché la rapidité d’opération avant la précision. 
Ces méthodes ont encore été élaborées en vue 
d’examiner le comportement de certains matériaux 
absorbants en régime transitoire. 


2. Caractéristiques des impulsions utilisées 


Nous avons adopté comme standard des impul- 
sions constituées par une note pure modulée suivant 
une enveloppante composée de deux exponentielles. 
L’amplitude de l’onde de pression, pour la période 
croissante de l’impulsion a pour expression 

Pye Py (lh. — el). 

Pour la partie décroissante cette enveloppante 

s’exprime par 

a = Py seek 
P,, étant l’amplitude maxima, t étant le temps et t 
une constante. La figure | est l’enregistrement d’une 


Fig. 1. La forme d’impulsion utilisée. 


telle impulsion. Nous appelons durée d’une impul- 
sion le temps compris entre l’instant ot P, part de 
0 et celui ot P, est revenu a 0,02 P,, (— 34 dB). 
Les durées pratiquement utilisables varient de 10 
a 30 ms. 

Ces formes d’impulsions ont les avantages sui- 
vants. a) Elles ont une expression mathématique 
exacte, b) On peut les produire avec un appareillage 
simple et robuste, 


3. Mesures en incidence normale sur petites 
éprouvettes 

a) Principe 

Séparer dans l’espace et le temps l’onde incidente 
de l’onde réfléchie. Mesurer individuellement leurs 
amplitudes P, et P_. Nous pouvons ainsi déter- 
miner le coefficient de réflexion g sans artifices 
mathématiques. 


b) Appareillage 

Un tube droit (Fig. 2), 4 surface intérieure aussi 
réfléchissante que possible, a une longueur 21 au 
moins égate a celle d’une impulsion (dans l’espace). 
Une extrémité est fermée par un haut-parleur L, 
l’autre par l’éprouvette E. Au centre est placé un 
microphone M raccordé a un oscilloscope. 


L & 
( OM 
—— ‘ -“- 1 - 


Fig. 2. Le dispositif 4 incidence normale. 
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c) Fonctionnement 
L’impulsion émise par le haut-parleur se propage 


dans le tube et est d’abord enregistrée 4 son passage , 


en M. Elle est ensuite réfléchie par l’éprouvette, et 
enregistrée a son second passage en M. 


Fig. 3. Les impulsions incidentes et réfléchies par une plaque 
de verre. 


Des réflexions se produisent encore successive- 
ment contre le haut-parleur et l’éprouvette. Nous ne 
les enregistrons pas. L’oscilloscope nous donne donc 
des figures analogues aux Fig. (3) et (4). 


Fig. 4. Les impulsions incidentes et réfléchies par une 
couche absorbante. 


d) Amplitude du coefficient de réflexion g 
Si nous négligeons la constante d’atténuation par 
les parois du tube, nous pouvons admettre que les 
amplitudes A, et A_ des enregistrements des pas- 
sages successifs d’impulsions sont proportionnels a 
P. et P_, a la méme échelle. Nous avons donc 
a! ; A_ 
Pier an 
(L. L. BERANEK, Acoustic measurements, p. 306). 
Tenant compte de la constante d’atténuation, nous 
pouvons reprendre la théorie classique du tube, en 


tenant compte de ce que nous mesurons séparément 
Paeter. 


e) Phase du coefficient de réflexion 

Le déphasage des ondes réfléchies par rapport 
aux ondes incidentes peut étre déterminé en mesu- 
rant les distances entre points correspondants de 
leurs enregistrements. La précision obtenue est de 
l’ordre du sixi¢me de période, c’est a dire trés faible. 
f) Lecture directe des coefficients de réflexion et d’ab- 

sorption 

Tenant compte de ce que le coefficient d’atté- 
nuation du tube est trés faible, nous avons admis 
que son influence état constante. Cela nous a permis 
de réaliser le dispositif suivant. 

Devant l’écran de l’oscilloscope nous avons placé 
l’échelle visible aux figures 3 et 4. Les opérations 
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deviennent extrémement simples. Faire coincider 
l’axe des x de l’écran avec le trait inférieur de l’échel- 
le, et ensuite régler l’amplification de maniére a 
faire coincider le sommet de l’impulsion de gauche 
(A,) avec le trait supérieur. Le sommet de l’impul- 
sion de droite (A_) indique alors, sur l’échelle, le 
coefficient de réflexion g ou d’absorption a. 

La figure 3 a été obtenue avec une plaque de 
verre épais. La figure 4 est le résultat de mesures 


sur un échantillon de panneau poreux. On lit a = 
0,51. 


g) Comparaison avec les résultats obtenus au tube de 

Kundt. 

A titre d’exemple, citons que pour le panneau 
ayant donné la figure 4, nous avons obtenu 0,527 
au tube de Kundt. Il est trop tét pour généraliser 
définitivement. 


h) Rapidité. 

Le relevé des caractéristiques d’un échantillon, 
entre 200 et 3200 Hz, peut étre fait en quelques 
minutes. Depuis que nous avons mis cette installa- 


tion en service, nous avons pratiquement abandonné 
le tube de Kundt. 


4. Mesures en incidence normale sur 
absorbants posés 


a) Conditions a remplir par la méthode 

Beaucoup de dispositifs absorbants, méme des 
carreaux poreux perforés, agissent au moins partielle- 
ment par déformation élastique. 

De plus dans de nombreux cas, par exemple pour 
des panneaux perforés devant des lames d’air, il faut 
réduire l’influence de la périphérie de la région 
observée. Cela s’obtient en augmentant la superficie 
de cette derniére. 

Pour étre d’utilité pratique générale, notre disposi- 
tif doit pouvoir agir sur un métre carré au moins. 

On ne peut pas appliquer un appareil contre le 
revétement observé. II faut éviter de l’abimer. De 
plus, on doit pouvoir le laisser vibrer librement. 
Dans le cas de tentures ou de capitonnages, prendre 
appui est impossible. 


b) Principe 

Dans le dispositif précédent, donnons aux parois 
du tube un coefficient d’absorption égal 4 1,0 a 
toutes les fréquences. 


c) Appareillage 

Sur une méme perpendiculaire a la paroi examinée 
(Fig. 5), on place un microphone M et un haut- 
parleur émetteur d’impulsions L. La distance |, doit 
encore étre suffisante pour que l’impulsion inci- 
dente et sa réflexion soient enregistrées séparément. 
Il est préférable de prendre J,—1,. D’autre part, 
les autres parois du local doivent étre suffisamment 


Sin 
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distantés de L et M pour que leurs réflexions atteig- 
nent ce microphone sans se superposer 4 celle du 
mur ou plafond examiné. Le local doit donc avoir 
des dimensions minima d’environ 8 m dans tous 
les sens. Cette condition est toujours réalisée. On 
peut d’ailleurs encore réduire les dimensions paral- 
léles au mur essayé en prenant des appareils direc- 
tionnels. Il est d’ailleurs nécessaire de prendre un 
microphone directionnel orienté vers le mur. De 
cette facon l’enregistrement de l’onde incidente n’a 
pas une amplitude exagérée par rapport a celui de 
la réflexion. E 


: M 
am 


Fig. 5. La-méthode des impulsions en champs libre. 


d) Etalonnage 

Une premiére méthode consiste 4 conserver tou- 
jours rigoureusement les mémes positions relatives 
des appareils et des parois, ce qui ne demande qu’un 
peu de soin. On étalonne l’appareillage en labora- 
toire. Devant un mur trés réfléchissant, on mesure 
une fois pour toutes le rapport A_/A,. Les valeurs 
de ce rapport pour des parois absorbantes sont facile- 
ment calculées. On trace la courbe g = fonction de 
A_/A,. Une seconde méthode consiste 4 emporter 
sur place un panneau réflecteur étalon que l’on 
place devant le mur. Les dimensions de ce panneau 
sont de l’ordre du métre. Il reste maniable. 


Fig. 6. Impulsion en champs libre et réflexion par un mur 
peint. 
e) Exemples 
La figure 6 donne un enregistrement de réflexion 
par un mur plafonné et recouvert de peinture émail. 
La figure 7 est obtenue en placant, devant ce méme 
mur, un panneau de 0,6 x 6 m? du produit utilisé 
pour obtenir la figure 4. On trouve a = 0,47. 


Fig. 7. Impulsion en champs libre et réflexion par un 
absorbant. 
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f) Utilité pratique 

Citons un exemple. A l’aide de cette méthode, 
nous avons pu rapidement déceler qu’un enduit 
poreux avait été taloché une fois de trop, et obtenir 
des aveux de l’entrepreneur. 


5. Mesures en incidence oblique sur 
absorbants posés 


a) Principe 

La méthode ci-dessus convient également a la 
mesure des coefficients de réflexion en incidence 
oblique. Deux dispositions sont appliquables. Lors- 
que l’incidence n’est pas trop écartée de la normale, 
on emploiera avantageusement la disposition sché- 
matisée a la figure 8. 


ips 
Fig. 8. La mesure de l’absorption sous incidence oblique. 


Il faut que la longueur totale LEM dépasse au 
minimum de 4 m la distance en ligne droite LM. 

En cas d’incidence trés oblique, nous appliquerons 
le dispositif de la figure 9. Nous ajoutons un réflec- 
teur auxiliaire R qui peut avoir des dimensions 
restreintes, 


Fig. 9. La mesure de l’absorption 4 grandes angles d’inci- 
dence. 


b) Appareillage 

On peut utiliser le méme appareillage que pour 
la méthode précédente. Le réflecteur R peut étre 
un simple panneau de contreplaqué verni con- 
venablement entretoisé. 


Discussion 


Mawarpl, O. K.: Doesn’t the shape of the reflected pulse 
get to be so distorted that the evaluation of the maximum 
value becomes difficult ? 

CoNFERENCIER: No; the reflected pulse does not become ap- 
preciably distorted, at least not when the reflecting element 
is a resistance (sample of rigid porous material), or an 
inductance and capacity (rigid wall with resonator), 

BorponE, C.: A method is developed to analyse the acoustical 
behaviour of small studios by the same impact sound 
system exposed by Mr. Rags, and to resume in a single 
representation the results of the analysis at varying fre- 
quencies or at varying directions of the sound source. 
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OPTICAL METHODS OF MEASUREMENT IN MOVING AIR STREAMS 


by E. J. RICHARDS 
University of Southampton, England 


Summary. This paper describes a technique used in the Aeronautics Department of the Uni- 
versity of Southampton in research on noise from jets. A new Schlieren system has been developed 
which allows the measurement of the velocities and frequencies of eddies moving downstream which 
are situated on the edges of both two and three dimensional jets. A focussing Schlieren method is 
put forward in conjunction with this technique in which the turbulence or eddying flow at a discrete 
point inside the jet may be measured. Applications of the technique to shock wave oscillations, speed 
measurement etc. are suggested. 


Sommaire. On décrit dans cet article une méthode employée au Département Aéronautique de 
l’Université de Southampton pour étudier le bruit produit par des jets. On a mis au point un nouveau 
systeme de striation qui permet de mesurer la vitesse et la fréquence des tourbillons se déplagant 
vers l’aval, et situés aux bords des jets de deux ou trois dimensions. On présente, en méme temps 
que cette méthode, un procédé de focalisation des stries permettant de mesurer la turbulence ou 
l’écoulement tourbillonnaire en un point défini de l’intérieur du jet. On propose d’appliquer cette 
technique aux oscillations de l’onde de choc, a la mesure de la vitesse, etc. 


Zusammenfassung. Es wird eine MeBmethode beschrieben, die in der Luftfahrtabteilung der 
Universitat Southampton zur Untersuchung von Strahlgerduschen verwendet wurde. Ein neues 
Schlierensystem wurde entwickelt, mit dem man die Geschwindigkeiten und Frequenzen von 
mitlaufenden Wirbeln an den Randern sowohl zwei- als auch dreidimensionaler Strahlen messen 
kann. Im Zusammenhang mit dieser Versuchstechnik wurde eine fokussierende Schlierenmethode 
gefunden, mit deren Hilfe die Turbulenz oder der WirbelfluB an einem bestimmten Punkt innerhalb 
des Strahles bestimmt werden kann. Es werden Anwendungen dieser Technik fiir StoBwellen- 


schwingungen, Geschwindigkeitsmessungen usw. vorgeschlagen. 


1. Introduction 


Noise research at the University of Southampton 
is aimed at furthering our understanding of the for- 
mation of noise from a jet stream issuing from a 
nozzle at supersonic speeds. In this condition, we 
have found that the noise spectrum is not completely 
random but carries, under various conditions, dis- 
crete notes which can be related to the stream con- 
ditions. Indeed, PowELt has formulated a most in- 
teresting ’’back reaction” theory in which the fre- 
quencies of the discrete notes can be predicted. 
According to this theory, any periodic disturbance, 
travelling downstream, gives rise to a sound wave 
on passing through a standing shock, which in turn 
travels upstream and on reaching the nozzle exit 
causes sufficient pressure change to initiate the next 
disturbance. Thus a resonance mechanism is set 
up which gives a sound field of discrete notes and a 
directional spectrum which is reasonably in accord 
with practical measurements. 

In the establishment of this mechanism of noise 
production in both two dimensional and circular 
choked jets, it has been necessary to establish a new 
technique to measure the speed and frequency of the 
eddies moving downstream since the relative small 
size of one of the jets used (3 mm) has brought with 
it eddy frequencies above those measurable with 
existing hot wire techniques, jet velocities above and 
below that of sound, and sound frequencies some- 
what greater than those that can be accomodated on 


a normal noise meter. For this latter purpose a new 
noise analyser has been developed which will be 
described elsewhere: the purpose of this paper is 
to outline the new techniques used and about to be 
used.to measure the disturbance frequencies and 
velocities on the edge of both two and three dimen- 
sional jets. 


2. Technique 


The optical technique initially used was essentially 
that of a standard Schlieren system, the image being 
projected on a screen in the usual way. In this screen 
however was located a small pin-hole at the point 
on the image corresponding to the region in the 
stream where the analysis of the fluctuations were 
required. The varying light thus penetrating the 
aperture was picked up by a photomultiplier unit, 


~Photo- cathode 


EMI 6190 
Photomulfipler 


Fig. 1. Circuit diagram for photo-electric device. 
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the circuit system of which is shown in Fig. 1, and 
the output of which was displayed on a cathode ray 
oscillograph. Thus any dominating frequencies could 
be observed instantaneously by photography or they 
could be compared with the corresponding frequency 
noted with a microphone by comparative display. 
By a simple extension of this technique, a second 
pinhole downstream of the other was used. The 
wavelength of the disturbances could thus be dedu- 
ced from the magnitude of the signal, and it was a 
simple matter to assess the speed of travel down- 
stream of the eddy or region of turbulence. 
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Fig. 2. Frequency of stream disturbance in axially sym- 
metric case. Jet diameter = 25.4 mm. 


As an illustration of the value of such a technique, 
Fig. 2 shows a plot of the frequency of the fundamen- 
tal stream disturbance in the axially symmetric case 
at the edge of a circular 25.4 mm jet. In Fig. 3 the 
corresponding relationship of the wavelength-cell 
length ratio is plotted against square root of the 
excess pressure. In this case, the inter-relationship 
of the fundamental sound wavelength and the 
distance apart of the standing shock waves is clearly 
demonstrated. 
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Fig. 3. Relation between fundamental radiated wavelength 
and cell length in axially symmetric case. 
R = pressure ratio, 
R, = critical pressure ratio. 


3. Advantages 


The technique described here so briefly has many 
advantages over other optical and non-optical tech- 
niques of measuring eddy velocity and frequency. 
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a) The system deals most easily with the high 
frequencies obtained, and so allows the use of smaller 
scale jets in which the dominant frequencies would 
otherwise be too high to cope with. 

b) The system is infinitely simpler than that of 
using a high speed camera which would need con- 
siderable development at the desired frequencies. 
No suitable camera is available in the United King- 
dom. 

c) Hot wire techniques cannot cope with the 
frequencies required and in any case may interfere 
with the air flow at the point under consideration. 
Recent reports from the U.S.A. however indicate 
considerable development in hot wire technique 
since this work began. 

The great disadvantage so far is the non-focussing 
nature of the technique although this is not serious 
if it is the large scale turbulence at the edge of the 
jet which is being examined. A focussing system is 
being considered and is shown diagrammatically in 
Fig. 4. The paraliel light system is focussed to pass 
Working ine 
; Jet direction 
A Cylindrical lens 
Le Spherical mirror 


Continuous light source .. 


| 
{ 
u 


- Focussing lenses 
Position of —-—~ 


‘\ 
Photo - multiplier Pinhole aperture 


Fig. 4, Diagram of the focussing system. 


through a vertical line in the jet by the use of two 
cylindrical lenses, the light then proceeding in the 
usual way via a mirror to a focus. The cut-off is 
arranged so that light directed in the vertical plane 
is let through and the Schlieren picture is reduced 
to a vertical line again by a third cylindrical lens. 
The fluctuating light at any predetermined point 
on this line is measured on the photomultiplier unit 
and is suitably amplified and displayed on the oscil- 
lograph screen. Since in this way all the deviated 
light is focussed to a line and all the light goes 
through the focussing line in the jet, it is argued 
that the variation measured on the oscillograph, will 
be predominantly related to the variation at the 
corresponding point, the light deviation arising 
from other areas of the jet cancelling out in the mean. 


4, Other applications 


a) The original system has sufficient sensitivity 
to measure not only the fluctuations in turbulence 
but also the actual sound waves as photographed 
with the Schlieren technique. This optical method 
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of measuring noise, needless to say, eliminates the 
problem of microphone response at high frequencies 
and may well have many applications in the high 


frequency region, but the form of the acoustic field 


must be known and calculable. 

b) The system can be applied (without the intro- 
duction of anything in the stream) to the problem 
of shockwave oscillations over an aerofoil or in a 
wind tunnel. 

c) If variations of density are put into the stream 
(e.g. by using sparks), it should be possible to 
measure local velocity in a supersonic wind tunnel 
far more easily than with existing techniques. 

All these applications are to be looked at when 
time permits at the University of Southampton. 


Discussion 


Panup, J. PuH.: a) Quelle est la profondeur de champ du 
strioscope focalisant décrit? b) La méthode de focalisation 
par lentilles cylindriques décrite ici est utilis¢e dans un 
strioscope a deux miroirs. Pourrait-elle s’appliquer 4 un 
strioscope 4 un miroir construit selon le principe dit ’’de 
coincidence’? Cela serait intéressant, car le strioscope a 
un miroir est beaucoup plus sensible du fait que la lumiere 
traverse deux fois la perturbation étudiée. 

LEcTuRER: a) La profondeur de champ n’a pas été étudiée. 
b) Il semble que cela soit applicable, mais on perdrait en 
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netteté. Je n’ai pas connaissance que cet essai ait été tenté. 

GavREAU, V.: L’effet des perturbations peut se manifester 
tout le long du trajet de la lumiére entre les deux lentilles 
cylindriques. Pourquoi croyez-vous que seules les pertur- 
bations dans la région du foyer seraient détectées par ce 
procédé ? 

LeEcTuRER: Les perturbations provenant des régions autres 
que le foyer sont distribuées au hasard (random distribu- 
tion), et pour cette raison elles se compensent mutuelle- 
ment. Ainsi seules les perturbations au foyer des lentilles 
cylindriques sont détectées. 

ZWIKKER, C.: You explained the occurrence of sound because 
of sonic signals travelling upstream from the first shock 
wave to the nozzle. Is that possible as the velocity of the 
jet is supersonic? 

LECTURER: The sound wave travels upstream in the nearly 
static air surrounding the main jet stream. The velocity 
of propagation will therefore be approximately that of 
sound. 

RaDEMAKERS, A.: Referring to the question of M. Panup it 
seems to me possible to put a plane mirror behind the 
second cylindrical lens, sending the light back along the 
same path. Separation will then be possible by a half- 
reflecting mirror, and thus the focal line can be the same 
for both incoming and returning light. 

Lecturer: As a general rule sufficient sensitivity is provided 
by allowing the light through the working point once only. 
There are of course many Schlieren systems that use the 
principle mentioned by the questioner, but in every case 
the clarity of the image is affected adversely. 


ABSOLUTE CALIBRATION OF HYDROPHONES BY VARIOUS METHODS 


IN THE FREQUENCY RANGE 0.1 -- 15 KC/S 
by K. Tamm 


assisted by TH. LANGE and J. MALZFELDT 
III. Physikalisches Institut der Universitat Gottingen 


Summary. Three types of piezoelectric pressure-sensitive hydrophones suitable for calibration 
have been described, a diaphragm type (ADP-crystals), an oil capsule type (LS-crystals), and a tour- 
maline receiver. The calibration methods: pistonphone (130 c/s), reciprocity cavity (0.2 --- 3 kc/s), 
field calibration by RAYLEIGH disc (10-:- 15 kc/s) result in a frequency-independent sensitivity of 
the oil capsule type of 10-* V/(N/m2). An electrostatic relative calibration (1 --- 20 kc/s) completes 
the frequency range. : 


Sommaire. On décrit 3 types d’hydrophones piézoélectriques étalonnables, pour mesure de la 
pression: un type 4 membrane (cristaux ADP), un type a capsule d’huile (cristaux LS), et un récepteur 
a tourmaline. L’emploi de différentes méthodes d’étalonnage: pistonphone (130 Hz), cavité a ré- 
eiprocité (de 0,2 4 3 kHz), étalonnage en champ par le disque de RayLeIcu (de 10 4 15 kHz) montre 
que le type a capsule d’huile a une sensibilité indépendante de la fréquence et valant 10-* V/(N/m’). 
L’intervalle restant dans la gamme des fréquences est étalonné d’une facon relative par la méthode 
électrostatique (de 1 4 20 kHz). 


Zusammenfassung. Drei Arten von eichbaren piezoelektrischen Schalldruck-Empfangern fiir 
Wasserschall werden beschrieben, ein Membranmodell (ADP-Kristalle), ein Olkapselmodell (LS- 
Kristalle) und ein ungekapselter Turmalinempfanger. Die verschiedenen Eichverfahren: Pistonphon 
(130 Hz), Reziprozitats-Druckkammer (0,2 ---3 kHz) und Feldeichung mittels RAyLeIGHscheibe 
(10 --- 15 kHz) ergeben iibereinstimmend eine frequenzunabhangige Empfindlichkeit des Olkapsel- 
modells von 10-* V/(N/m*). Die Frequenzliicke wird durch eine elektrostatische Relativeichung 
(1 +--+ 20 kHz) tiberbriickt. 


Absolute calibration of sound receivers means co- 
ordination of the original sound field value (e.g. 
sound pressure) to the measured electrical output 


(e.g. voltage). It is given by a single figure (the sen- 


sitivity) in the case of a linear relation. Only receivers — 


which are invariable with time and do not depend 
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Fig. 1. Design of three different types of hydrophone for measurement purposes: (a) diaphragm type (ADP), 
(b) tourmaline or barium titanate type, (c) oil capsule type (LS). 


too much on temperature and frequency are suitable 
for calibration. They should disturb the sound field 
as little as possible i.e. they should be small compared 
with the wavelength and incompressible compared 
with the medium. 

According to these principles three types of 
piezoelectric pressure-receivers have been developed 
(Fig. 1): a diaphragm type with ADP-crystals, an 
oil capsule type with lithium sulphate crystals and a 
receiver without any box with tourmaline crystals 
or with barium titanate. To avoid low resonance 
frequencies no bending systems were used but only 
"thickness vibrators”. The sensitivity is therefore 
low and amounts to 10-* V/(N/m?) for the first two 
types, a value which is 100 times lower than that 
of a normal condenser microphone. 

The diaphragm type consists of a cylindrical box 
and two screw caps between which two ADP- 
crystals are clamped. The sound pressure therefore 
acts upon the crystals only in one direction as is neces- 
sary for a piezoelectric output with ADP-crystals. 

Tourmaline crystals and polarized barium titanate 
can be used without any box because of their hy- 
drostatic piezoelectric effect. For insulation a film of 
rubber or lacquer is sufficient. Such receivers can be 
made very small (a few millimeters in diameter and 
height) but their sensitivity is too low for calibration 
by the methods described. 

Lithium sulphate crystals give a higher ”hydro- 
static’ effect but because of their solubility in water 


have to be used within a box which is filled with a 
non-aggressive liquid (castor oil) transmitting the 
sound pressure to the crystals. The box will be 
acoustically ineffective if it is made from plastic, 
rubber, or similar materials of the same charac- 
teristic impedance as water. The box of the hydro- 
phone used for calibration was made of plexiglass 
and had the form of a cylinder with conical ends. It 
was metallized on its outside for electrical screening 
and to make it suitable for an electrostatic calibration. 
Because of its good acoustical qualities, especially 
this type of receiver was used for calibration. 

An absolute calibration over a wide frequency 
range cannot be made by one method only. There- 
fore the calibrations were made by different methods 
each used at a single frequency or in the frequency 
range it was suitable for. For low frequencies the 
receiver is small compared with the wavelength and 
does not disturb the sound field because of its in- 
compressibility. Therefore the sound pressure is 
constant over the whole surface of the receiver and 
the electrical output, being independent of the form 
of the sound field, is governed by the sound pressure 
which has to be calculated (pressure calibration). 
Hydrophones therefore can be calibrated in airfilled 
cavities which however have to be large enough to 
enclose the whole receiver and not only a diaphragm 
as is sufficient for airborne condenser microphones, 
This condition therefore limits the frequency range 
of the pressure calibration for the oil capsule type 
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receiver below 3 kc/s, For higher frequencies the 
form of the sound field is of influence and a field 
calibration has to be carried out. Because of the low 
sensitivity of the hydrophones, relatively high sound 
pressures have to be used for calibration. 

At the lower frequency limit the calibration was 
made by means of a pistonphone. The large sinus- 
oidal amplitudes of the piston necessary for a suffi- 
ciently high sound pressure were produced by using 
the resonance (130 c/s) of the vibrating piston with 
its suspension spider. 

For adiabatic compression (ratio of the specific 
heats x = 1.402) the alternating pressure p in the 
cavity can be determined from the optically meas- 
ured amplitide a V2 of the piston as a percentage of 
the atmospheric pressure Py if the volume of the 
‘cavity V, (= 101.4 cm*) and of the receiver Vp and 
the cross-section S (= 0.1248 cm*) of the piston 
are known. The inaccuracy will not exceed 1.4%, 
if a correction (¢ = 0.6%) is made for the heat 
conduction of the walls. 

p = Po: (1 — &)- S-a/(Vo — Vp). 

In the frequency range 0.2 --: 3 kc/s a reciprocity 
calibration in a cylindrical cavity was applied. Two 
electrostatic systems with solid dielectric (SELL 
systems) forming the plane circular walls of the 
cavity are used for auxiliary source and reversible 
transducer. The receiver to be calibrated is put in 
the middle between the two systems (Fig. 2). In 
4 _ Hydrophone 
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[ee 


Cavity 


Reversible 
transducer 


ZS \ 


SSS 
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b=50 mm 


Fig. 2. Test cavity for reciprocity calibration of small micro- 
phones and hydrophones with electrostatic systems 
for auxiliary source and reversible transducer. 


the characteristic method for the reciprocity calibra- 
tion, the sensitivity Eyp of the receiver is determined 
by comparing the open circuit voltages e, of the 
actual receiving system in the three combinations 
(transducer — receiver: e)', auxiliary source — re- 
ceiver: e,, auxiliary source — transducer: e)7) with 
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the voltage iR caused by the (constant) current 
through the actual transmitting system at the known 
resistance R. If the form of the sound field is taken 
into account by the reciprocity factor | J)>K,K?| there 
results: 


le e Ris’”’ 
Eur = | Ric |" |Rig’|'| er | Rok K*. 
In this formula |J,| = A/oc-sin (Hw/c) = 


w AH/oc? means the reciprocity factor between 
auxiliary source and transducer, if there is no reaction 
between the systems and the sound field. It corres- 
ponds to the reciprocal of the stiffness reactance of 
the air column with the height H and the area A at the 
pulsatance w. If the volume Vz of the receiver is not 
negligible, AH — Vr = V’ is to be put in place 
of AH. The factor K, = sin (H’w/c)/sin (H@/c) takes 
regard of the mutual reaction between systems and 
air volume by a correction 4H = H’ — H in height, 
which however in the apparatus is only 0,01 mm, 
The correction factor K = 1/cos (H’w/2c) is caused 
by the fact that the receiver is placed at the centre 
of the cavity. For frequencies higher than 1 ke/s all 
corrections are to be considered (results s. Fig. 4): 
wV’ tan (H’w/2c) 
sn o2 «= H’w/2¢ 

In the high frequency range 10: 15 ke/s a field 
calibration in a flat horizontal layer of water (flat 
basin [1]) was applied. For a depth H of the water, 
only a little larger than a half of the wavelength A," 
the attenuation of the sound with distance is large 
enough to make reflections at the wall ineffective, 
therefore a damped progressive cylindrical wave is 
produced by’a point source. Its phase velocity 
c’ =c/V1 — (A/2H) is higher than that in the free 
medium and can be easily measured. It determines 
the ratio of sound pressure to horizontal particle 
velocity v, i.e. the characteristic impedance of the 
layer oc’. This value enables us to calculate the 
sound pressure from a measurement of the horizon- 
tal component of the particle velocity by means of a 
RAYLEIGH disc at that place to which the receiver 
will be brought afterwards (results s. Fig. 4). 

Because of the finite ratio of densities of water (0) 
and the material of the disc (gp) the influence of 
the mass (my) of the displaced water and the hydro- 
dynamic mass m’ = 49a°/3 has to be taken into 
account by Woon’s correction of Kognic’s formula 
[2], [3], and for 45° incidence the torsional moment 
Da is given by: 


4 mp—m : 
Da = out 5 at (Z2— Mr) ° 
For the ratio thickness (s) to radius (a) of the disc 
a compromise has to be chosen, because on one 
side the above formula holds only for thin discs 


and on the other side a minimum ratio (s/a = 1/20 


— 
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for brass with op = 8.5¢) is necessary to avoid 
flexural vibrations in the frequency range under test 
and to get the hydrodynamic mass smaller than the 
mass of the disc. The suspension of the disc finally 
used (2a = 1.6 cm, s = 0.277 cm) was chosen with 
respect to a suitable period of vibration i.e. 17.6 s. 
The frequency range 3-10 kc/s still vacant 
between the reciprocity and RAYLEIGH disc calibra- 
tion could be bridged by a relative calibration using 
the electrostatic method. For this purpose a constant 
a.c. voltage and a constant d.c. voltage are applied 
between the metallized surface of the box of the 
receiver and a uniformly spaced auxiliary electrode 
surrounding it (see Fig. 3). The a.c. forces to the 
surface cause an a.c. (sound) pressure inside the 
box which does not depend on frequency (results:s. 
Fig. 4). By an exact determination of the air gap, 
an absolute calibration may be obtained also from 
this method, 


Hydrophone 
5925. 2 


Selective 
amplifier 
Attenuator 


Fig. 3. Scheme of the electrostatic method used for (relative) 
calibration of the oil capsule hydrophone. 


From Fig. 4 it may be seen that the results of the 
different methods of calibration agree very well. In 
the frequency range in question the sensitivity of 
the hydrophone (with LS crystals) under test was 
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found independent of frequency to be — 99 dB (re. 
to 10 V/(N/m?) i.e. re to 1 V/wbar with an accuracy 
of 0.5 --- 1 dB. 
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Fig. 4. Frequency response of the sensitivity of an oil capsule 
hydrophone as a result of absolute calibrations by 
different methods. 
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Discussion 


Gavreau, V.: Comment absorbez-vous le son a l’extrémité 
éloignée de la cuve? Nous utilisons un canal ouvert et une 
plage élargie, arrondie 4 son extrémiteé. 

LECTURER: Une partie de l’énergie sonore est absorbée par 
les parois de la cuve et le reste par une structure absor- 
bante a pyramides multiples a l’extrémité éloignée de la 
cuve. 


LABORATORY STANDARDS 


by W. WEsT 


British Post Office, Engineering Department, London 


Summary. 


To minimize standing waves in the probe tube, the ’large-bore’’ probe microphone 


detects sound pressures on the wall of the tube (at a point remote from the open end) and the tube 
is terminated to eliminate reflexions. The tube of the ’’small-bore’” probe microphone terminates 
at a small enclosure (the coupler) such that the acoustical impedances of tube and coupler are approxi- 


mately equal. 


Sommaire. 


Pour réduire les ondes stationnaires du tube sonde, dans le cas du microphone sonde 


4 "’grand alésage”’, on recoit les pressions sonores sur la paroi du tube (en un point éloigné de 1’ex- 
trémité ouverte), et l’extrémité de ce tube est concue de facon a éviter des réflexions. Dans le cas 
du microphone sonde a "petit alésage’’, on termine le tube par une petite enceinte (de couplage) 
telle que les impédances acoustiques du tube et de cette enceinte soient sensiblement les mémes. 


Zusammenfassung. 


Um die stehenden Wellen im Sondenrohr méglichst klein zu halten, wird 


beim Sondenmikrophon mit weitem Rohr der Schalldruck an der Rohrwand (an einer vom offenen 
Ende entfernten Stelle) abgenommen und das Rohr reflexionsfrei abgeschlossen. Bei einem Sonden- 
mikrophon mit engem Rohr endet das Rohr in einem kleinen Kopplungs-Hohlraum, dessen akustische 


Impedanz annahernd gleich der des Rohres ist. 


About twenty years ago [1] the British Post Office 
became interested in a probe microphone for use 
as a laboratory standard to simplify measurements 


of free-field sensitivity. Such a microphone could 
be sufficiently small, at the point of application of 
sound, for a pressure calibration to be the same as 
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a free-field calibration. Thus the relatively tedious 
method of free-field calibration of microphones by 
direct comparison with a RAYLEIGH disk could be 
avoided, the pressure calibration of the probe micro- 
phone by RAyLeEIGH disk being used instead. 

The principle applied was to form the probe as 
a non-resonant tube by inserting sound absorbent at 
the far end, and to expose the sound pressures of 
waves passing along the tube to the centre part of 
the diaphragm of a condenser microphone. Fig. 1 
illustrates the device as applied to a condenser micro- 
phone of the then conventional construction; the 
brass coupler fits closely over the diaphragm and 
has projections into which parts of a tube, 0.635 cm 
internal diameter, are fixed. One part, about 30 cm 
long, leads to the open end, or probe; the other part, 
about 150 cm long, has strands of wool drawn into 
the last 120 cm or so and is coiled on a 30 cm dia- 
meter. Within the coupler the tube is continued, 
altering shape but not cross-sectional area, to expose 
an oval aperture where the diaphragm acts as a part 
of the wall of the tube. 


Brass tube: 0.635 cm 
Coupler 


Oval aperture: 


Condenser 19x1.27cm? 


microphone 


Diaphragm 
| 
- 125eme -| 


Fig. 1. Probe condenser microphone. 


The sensitivity-frequency characteristic of this 
probe microphone is shown in Fig. 2. The distance 
along the tube to the centre of the coupler is about 
33 cm, and the regular spacing (about 250 c/s) 
between peak and trough in the characteristic shows 
that there is some reflection from the coupler, result- 
ing in the undulations, about + 1.5 dB in extent. 
These do not lead to inaccuracies in measurements of 
a sound field, and the generally falling trend of the 
characteristic can easily be compensated in the 
microphone amplifier. 
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Fig. 2, Frequency characteristic of probe microphone. 
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A bore of 0.635 cm is too large for a probe used for 
measuring sound pressures where the acoustical im- 
pedance is large, e.g. in a small enclosure. ArcH- 
BOLD [2] has developed the design of a probe micro- 
phone having a tube of only 0.77 mm internal dia- 
meter coupled to the dome-shaped diaphragm of a 
moving-coil microphone, the general construction 
being as shown in Fig. 3. His early experiments 
showed that, with a tube length of 12.7 cm, the 
frequency spacing between the peaks and troughs 
of the frequency characteristic, was about 550 c/s. 
With the coupler then in use the undulations were 
about -+- 5 dB in extent. These could be eliminated, 
at a sacrifice of sensitivity, by the introduction of a 
small amount of lamb’s wool for absorbing sound at 
each end of the tube, but the sensitivity fell away 
sharply at frequencies around 5000 c/s. 


Probe tube 


(12.2.¢m long, 
0.077 ¢m 1.4 -0.425¢m od.) 


Brass shield 


Brass coupler 


Moving coil unit 
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Fig. 3. Probe moving-coil microphone. 


Further experiments were carried out with coup- 
lers having different curvatures of the domed surface 
and for different spacings between the coupler and 
the diaphragm at the edge and at the centre, sepa- 
rately. Reducing the spacing at the edge, up to a 
certain point, was found to increase the sensitivity 
at frequencies above about 3000 c/s. A radius of 
curvature of the coupler dome equal to that of the 
diaphragm appeared to be optimum. The group 
of curves in the upper part of Fig. 4 illustrates the 
effect, with these dimensions fixed, of varying the 
spacing between coupler and diaphragm at the 
centre. As this distance is decreased from 0.254 to 
0.127 mm the undulations in the frequency charac- . 
teristic decrease in extent. When it is further 
reduced to 0.102 mm not only do the undulations 
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increase again, but also the positions of peaks and 
troughs are interchanged with respect to the other 
curves. Evidently the impedance at the end of the 
tube passes through an approximate match to the 
characteristic impedance of the tube at a spacing 
of 0.127 mm. The lower part of Fig. 4 shows the 
requency characteristic of a similar microphone 
when the spacing is adjusted to optimum. No 
damping by lamb’s wool is used. 


-20 abel; = 
— 1 (vanable, LS me x= 0254 mm Microphone No.1 } 
Ss posses +o, > 
a ies, i *e a3 
= 
ihe ae 
Fred 
he 
2 T 
OL 30 Microphone No.2 
x= QI mm 
~40 (ect) 
10? 2 LU RON ORO 2 4 7 10° cls 


—— Frequency 


Fig. 4. Frequency characteristics of two probe microphones. 


The sensitivities shown in Fig. 4 are measured 
at the output of a transformer of 1 to 50 turns ratio. 
_ The level of sensitivity is such as to enable sound 
pressures greater than about 1 dyne per cm? to be 
measured. Considerable increase of sensitivity can 
be obtained from each of three possible modifications, 
Moving-coil units of better sensitivity are now 
obtainable. A suitable transformer can be designed 
with higher turns ratio. The diameter of the tube 
can be increased somewhat; in this connexion it is 
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of interest to quote some results obtained with a tube 
of 1.27 mm diameter. The centre spacing distance 
was varied in small steps over a range of 0.46 to 
0.1 mm. Critical spacings (similar to the 0.127 mm 
position in Fig. 4) were found in three positions, 
viz. 0.33, 0.168 and 0.127 mm, and the interchange 
of position of peaks and troughs occured when 
passing through each. For the 0.127 mm position 
the lowest sensitivity at any frequency was — 30 dB. 
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Discussion 


IncEmansson, N. S. P.: One measurement with the tube 
damped showed a rather flat curve. Why was damping 
used in this case only? 

LECTURER: Damping by lamb’s wool was used in some early 
models; it is found to be unnecessary when the dimen- 
sions of the cavity are made correct for impedance matching. 

SCHENKEL, G.: a) What are the acoustic resistors at the back 
of the diaphragm? b) Is the wave resistance of the tube 
the only element for damping? 

LeEcTurER: a) All parts at the back of the diaphragm are as 
supplied in the commercial moving-coil unit. b) The small 
air-space in front of the diaphragm also adds damping. 

Nretsen, A. K.: The temperature coefficient and the long- 
time stability of the probe microphone could be imagined 
to be inferior to the 640 AA type. 

LeEcTurRER: A maximum change of sensitivity of 0.3 dB has 
been measured due to a change of temperature of 10 °C 
for the probe microphone. The long-time stability at a 
given temperature is within 0.2 dB. 


BEMERKUNGEN ZUR DEFINITION DES VEKTORIELLEN 


SCHALL-LEITWERTES, DES AKUSTISCHEN WIDERSTANDES 


UND DER AKUSTISCHEN ELEMENTE 


von W. WILLMS 
Forschungsinstitut Weil am Rhein, Deutschland 


Zusammenfassung. Im Schallfeld kénnen der Admittanzvektor und ein Impedanzvektor ein- 
geftihrt werden. Halt man aber an der Reziprozitatsbeziehung z = 1/y fiir die Komponenten der 
Vektoren fest, so kann man nur einen Vektor, vorzugsweise den Admittanzvektor, verwenden. Es 
wird ein quadratischer Flachenmittelwert fiir die Schnelle und den Druck im Querschnitt eines 
Wellenleiters vorgeschlagen. Wahrend die direkte Analogie zwischen akustischen und elektrischen 
Widerstandselementen besondere Festsetzungen und Schaltvorschriften erforderlich macht, enthalt 
die Kettenmatrix alle notwendigen Angaben und liefert die elektrischen Ersatzschaltbilder nach den 
beiden Analogiesystemen. 


Summary. The admittance vector and an impedance vector may be introduced in the sound field. 
But, if for the vector components the relation of reciprocity z = 1/y is to be maintained, only one 
vector, preferably the admittance vector, may be used. It is proposed to use in an acoustic waveguide 
a mean square surface value of particle velocity and pressure. The analogy between acoustic and electric 
impedance elements needs special definitions and rules. On the contrary the matrix gives all the 
information required and the two analogous circuits are easily derived. 


Sommaire. On peut introduire dans !’expression d’un champ sonore le vecteur admittance et un 
vecteur impédance. Mais si on tient 4 conserver la relation de réciprocité z = 1/y entre les compo- 
santes des vecteurs, on ne peut utiliser qu’un seul vecteur, de préférence le vecteur admittance. On 
préconise d’employer comme vitesse et pression dans la section d’un guide d’ondes la moyenne 
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quadratique prise sur la surface. Alors que l’analogie directe entre les éléments des résistances acou- 
stique et électrique oblige 4 établir des définitions et des régles d’acoustique spéciales, la représen- 
tation en forme de matrices fournit toutes les données nécessaires et permet d’établir les schémas 
électriques équivalents dans les deux systémes d’analogie. 


Die Frage einer angemessenen Definition der spe- 
zifischen akustischen Impedanz ist neuerdings wie- 
der aufgeworfen worden, weil die tibliche sich nur 
auf den eindimensionalen Fall bezieht und in so 
enger Analogie zur elektrischen Impedanz einge- 
fiihrt wird, daB man von einer eigentlichen akusti- 
schen GréBe kaum sprechen kann. Im Fall des drei- 
dimensionalen Schallfeldes und bedingt durch den 
verschiedenen Charakter des Schalldruckes als 
Skalar und der Schnelle als Vektor treten besondere 
Verhltnisse auf, die bei der Verallgemeinerung des 
Impedanz- und Admittanzbegriffes beachtet werden 
miissen, Dies ist der Gegenstand der ersten Be- 
merkung. 

Bei der Begriffsbildung der akustischen Impedanz 
war die stationare Rohrstrémung sehr stark das 
Vorbild. Nun ist aber der quasistationare Schall- 
flu8 durch einen Schalleiter nur bedingt als Stré- 
mung anzusehen. Vielmehr ist es die Energie, die im 
Schalleiter transportiert wird. Es erscheint demnach 
richtiger, an Stelle der tiblichen linear gemittelten 
FluBgr6Ben quadratisch gemittelte einzufiihren. 

Die dritte Bemerkung steht nur in losem Zu- 
sammenhang mit den anderen. Bei der Beschaf- 
tigung mit akustischen Elementen empfindet man 
es oft als Nachteil, daB sie durch ihre ,,Impedanz”’ 
und durch ihre ,,Schaltung’”’ gekennzeichnet wer- 
den, die je nach der verwendeten Analogie verschie- 
den sind. Beide Eigenschaften der Elemente kann 
man in ihrer Kettenmatrix vereinen. 


1. Impedanz und Admittanz im Schallfeld 


Die spezifische akustische Impedanz in einem 
Punkte des Schallfeldes und in einer bestimmten 
Richtung wird als das Verhaltnis des komplexen 
Schalldruckes p und der komplexen Komponente v 
der Schnelle in der betreffenden Richtung definiert: 


z=, (1) 


Das Reziproke hiervon ist die spezifische akusti- 
sche Admittanz: 


v 
=e 2 
y=5 (2) 
Es besteht also die Beziehung 
zy = 1, (3) 


Man kann nun, wie O. K. Mawaropi (J. acoust. 
Soc. Amer. 23 [1951], 571) dies getan hat, im 
dreidimensionalen Schallfeld den Admittanzvektor 
y einfiihren 


(4) 


y und v sind komplexe Vektoren, p ist ein komplexer 
Skalar. Die tibliche spezifische akustische Admittanz 
ergibt sich als die (komplexe) Komponente des 
Admittanzvektors in der betreffenden Richtung, ist 
also das skalare Produkt des Admittanzvektors y mit 
dem Richtungsvektor n (Richtungswinkel a, f, y) 


y=yon= > (v;cosa + v,cosB+v,cosy). (5) 


Es fragt sich nun, ob man auch die spezifische 
akustische Impedanz von einem dhnlichen Impe- 
danzvektor herleiten kann. 

Ein Impedanzvektor, der die Gl. (1) erfiillt, ist 


(6) 
z* ist ein Zeilenvektor mit konjugiert komplexen 
Komponenten 


p= 2Ni 


(7) 
Da p ein gegen Koordinatentransformationen in- 
varianter Skalar ist und v aus kontravarianten Vek- 
torkomponenten besteht, miissen die Komponenten 
von z* kovariant sein, im Gegensatz zu v, also einen 
Zeilenvektor aus konjugiert komplexen Kompo- 
nenten bilden. 
Der gesuchte Impedanzvektor, als Spaltenvektor 
geschrieben, lautet 
Ze 
ale 
\Z, 
Mit Gl. (6) ist der z*-Vektor noch nicht geniigend 
bestimmt, es gibt unendlich viele Vektoren, die 
Gl. (6) erfiillen. Fordert man wie Mawarp! weiter- 
hin, daB der Impedanzvektor z ein Vielfaches / des 
v-Vektors sei, so ist der einzige Vektor, der Gl. (6) 
und die Zusatzforderung erfiillt, 


z* = (Z. Zy Zz)e 


(8) 


| 


v. (9) 


Denn mit 


folgt aus Gl. (6) 


also ive 
wie in Gl. (9) behauptet. 
Dieser unter den genannten Voraussetzungen defi- 
nierte Impedanzvektor hat den schwerwiegenden 
Nachteil, daB seine Komponente in einer gegebenen 
Richtung, also die spezifische akustische Impedanz, 
die Reziprozitatsbeziehung Gl. (3) nicht erfiillt. Es 
ist im allgemeinen 
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(v, cos a + v, cos B + v, cos y) ~ 

p 1 
z Vecosa + v,cosf-+y,cosy § y° a 
Die Reziprozitatsbeziehung 148t sich nur fiir drei 
Richtungen, nicht aber in voller Allgemeinheit er- 
fiillen. 

Man muB8 sich entscheiden, entweder einen 
Admittanzvektor oder einen Impedanzvektor ein- 
zufiihren. Aus Griinden der Einfachheit wird vorge- 
schlagen, nur den Admittanzvektor zu nehmen. Aus 
dem Admittanzvektor erhalt man die spezifische 
akustische Admittanz in dem betreffenden Punkte 
und in der betreffenden Richtung des Feldes. Die 
spezifische akustische Impedanz ist dann als das 
Reziproke der spezifischen akustischen Admittanz 
zu definieren. 

Im Schallfeld treten somit drei VektorgréBen auf: 
1. der Vektor der Schnelle v 
2. der Admittanzvektor y =v/p 
3. der Poyntingsche Vektor S* =} pv =4|p/*y. 
Alle drei Vektoren unterscheiden sich nicht wesent- 
lich. Sie sind mit der Schnelle verwandt und nur in 
verschiedener Weise normiert. 


ep 
Dae 


2. Quadratischer Flachenmittelwert 


Der SchallfluB g durch den Querschnitt eines 
Schalleiters wird im allgemeinen anschaulich als das 
Produkt der Schnelle v und der Flache S eingefiihrt, 


A= V: S, (1) 
bei nicht konstanter Schnelle auch 
q— if vds, (2) 


Die akustische Impedanz des Schalleiters, z.B. seine 
Antriebsimpedanz, ist 
Pp Pp 

oa: 3) 
Mit dieser Definition kommt man in Schwierig- 
keiten, wenn Druck und Schnelle nicht mehr kon- 
stant tiber dem Querschnitt sind, wie z.B. bei Wellen 
hdherer Ordnung. Hier ist es zweckmaBig, die 
akustische Impedanz energetisch zu definieren: 


4 {pods + 2jo(T—V) 
4 ih 4 Dee AS 


be 2 Pm? (4) 
4/pvdS —2jo(T—V)’ 
v,, und p,, sind noch naher zu bestimmende Mittel- 
werte der Schnelle und des Druckes, } / pvdS ist 
der Leistungsflu8 durch das akustische System, 
T —V der Unterschied zwischen der darin ge- 
speicherten kinetischen und potentiellen Energie. 
In einigen einfachen Systemen kann man die 
Leistung und die Impedanz angeben, so daB Gl. (4) 
dann als Bestimmungsgleichung fiir v,,, und p,, an- 
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gesehen werden kann. Ein Beispiel hierfiir ist der 
unendlich lange Wellenleiter, der in einer Welle 
hoherer Ordnung angeregt sein mége. Der Leistungs- 
fluB ist reell, T — V ist gleich Null. Andere Bei- 
spiele sind die kurze, mit p = 0 abgeschlossene 
Rohrleitung oder der mit v =O abgeschlossene 
Hohlraum, in denen iiberwiegend nur kinetische 
oder potentielle Energie gespeichert ist und in denen 
der LeistungsfluB Null ist. In allen Fallen wird man 
fiir v,, und p,, auf Ausdriicke von der Form 


m= V fiveas; Pn = \-~ /Ipreds (5) 


gefiihrt, die man in Anlehnung an den quadratischen 
Zeitmittelwert den quadratischen Flachenmittelwert 
der betreffenden GréBe nennen kann. 

Der quadratische Flachenmittelwert des Schall- 
flusses gm = VmS geht fiir konstante Schnelle bzw. 
fiir die Welle nullter Ordnung in den iiblichen Wert 
q = vS iiber. 

Es erscheint angebracht, den quadratischen 
Flachenmittelwert auch bei der Berechnung des 
Schallflusses in engen Rohren zu verwenden, wo 
man bisher den arithmetischen Mittelwert nach Gl. 
(2) gebrauchte. Der Unterschied ist iibrigens prak- 
tisch nicht groB. Z.B. ist bei parabolischer Verteilung 
der Schnelle der quadratische Flachenmittelwert nur 
um 9% gréRer als der arithmetische Mittelwert. Bei 
weiten Rohren ist der Unterschied noch kleiner. 


3. Akustische Elemente 


Unter akustischen Elementen sollen Rohrleitungs- 
stiicke verstanden werden, die von festen Wanden 
begrenzt und in allen Dimensionen klein zur Wellen- 
lange sind. Akustische Elemente bilden die Grund- 
bestandteile der akustischen Filter. 


OO A ee a 
ete] obey omega en san ae 


Abb, 1. 


Der Bewegungszustand in den Querschnittsver- 
engungen ist quasistationar, in den Hohlraumen 
quasihomogen. Als komplexen akustischen Wider- 
stand eines Elementes definiert man 


Se - (Rohrelement). (1) 


Diese Definitionsgleichung ist nur fiir die Elemente 
mit quasistationarem Strémungszustand anwendbar. 
Fiir die mit quasihomogenem Zustand mu man 
eine neue Definition 


es 
4= 7g 


einfiihren, denn bei diesen besteht ja kein Druck- 


(Hohlraumelement) (2) 
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unterschied an den beiden Querschnitten, sondern 
nur ein FluBunterschied. AuBerdem unterscheiden 
sich die beiden Widerstandselemente durch ihre 


Ubertragungseigenschaften. Die Rohrleitung ist 


fluBiibertragend, die Hohlraume sind drucktiber- 
tragend. 

Elektrische Widerstandselemente wie Drossel- 
spule und Kondensator haben dagegen nur eine 
Widerstandsdefinition 

A® U 

Let een tee (3) 
und sind beide stromiibertragend. Die direkten Ana- 
logiebeziehungen zwischen akustischen und elektri- 
schen Widerstandselementen sind daher erzwungen 
und erfordern bestimmte Voraussetzungen, Schalt- 
vorschriften und Schaltverbote. Die Umwandlung 
akustischer Gebilde in elektrische Schaltungen ist 
moéglich, dagegen nicht immer die Realisierung 
elektrischer Schaltungen durch akustische Elemente. 

Viel miiheloser ergeben sich die akustisch-elektri- 
schen Analogiebeziehungen, wenn man die Uber- 
tragungsgleichungen anschreibt 


Pi = Pe 


4 = Zp ee (Hohlraum) i 
Pi Pe a; 2%: (Rohr) 
um = I 


oder als eine Art Kurzschrift das Koeffizienten- 
schema, die Kettenmatrix 


ee ; | (Hohlraum) 
(5) 


| 


In der Matrix sind die Impedanzen Z Kernimpe- 
danzen, d.h. bestimmte, fiir das System charakteri- 


1 
‘ | | (Rohr) 
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stische Impedanzausdriicke. Die Kernimpedanzen 
stimmen bei den einfachsten akustischen Elementen 
mit den Widerstanden nach den Gln. (1) und (2) 
iiberein. Dariiber hinaus driickt die Matrix aber auch 
die Ubertragungseigenschaften aus. Mit einfachen 
Rechenregeln beherrscht man die Zusammenschal- 
tung mehrerer Elemente, die Eigenfrequenzen usw. 

Das elektrische Analogieschaltbild folgt unmittel- 
bar aus der Matrix. Sollen akustische Impedanzen 
durch elektrische Widerstandselemente dargestellt 
werden, so zeichnet der Elektrotechniker auf grund 
der Matrix folgende Schaltungen an: 


Z 


® ©) 


Abb. 2. (a) Hohlraum, (b) Rohr. 


Sollen akustische Impedanzen durch elektrische 
Leitwertselemente dargestellt werden, so sind die 
Analogieschaltbilder die dualen: 


y 


® ©) 


Abb. 3. (a) Hohlraum, (b) Rohr. 


Die Analogieschaltbilder zeigen, daB es sich auch 
bei den einfachsten akustischen Elementen um Vier- 
pole handelt, und zwar um sogenannte entartete 
Vierpole. Fiir analoge Zweipole nach den Gleichun- 
gen (1) und (2) bedarf es erganzender Schaltungs- 
vorschriften. 
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REVUE GENERALE 


par P. CHAVASSE 
Centre National d’Etudes des Télécommunications, Paris 


La Haute Autorité du Congrés de Delft nous a 
dévolu la passionnante, mais délicate mission d’étu- 
dier les questions relatives 4 l’audiométrie et aux 
appareils de prothése: c’est-a-dire en bref, de traiter 
de ce qui concerne l’un des dons les plus précieux 
que nous ait faits la création: je veux dire ’’l’ouie’’. 
C’est un probléme passionnant, infiniment intéres- 
sant, car l’expérience quotidienne nous démontre la 
grande misére des malentendants. Rappellerais-je 
simplement, comme nous le faisions lors du récent 
Cours International d’Audiologie Clinique, l’opinion 
d’un de nos vieux humanistes francais, MONTAIGNE, 
que je m’excuse de reprendre dans cet exposé, mais 
elle apporte une note subjective, sensible et humaine, 
dans un domaine ot la passion scientifique peut 
risquer de nous entrainer vers des recherches trop 
abstraites et nous faire oublier le but final de notre 
mission qui est de mieux faire connaitre les lois aux- 
quelles obéit le mécanisme de nos sensations, tout 
en contribuant 4 soulager efficacement ceux qui 
souffrent dans leur deuxiéme sens. Voici ce qu’on 
lit, en effet, dans l’Art de conférer (Essais, Livre III, 
Chap. 8): ’’Le plus fructueux et naturel exercice de 
notre esprit est A mon gré la conférence (conversa- 
tion). J’en trouve l’usage plus doux que d’aucune 
autre action de notre vie et c’est la raison pour- 
quoi, si j’étais a cette heure forcé de choisir, je 
consentirais plutét, ce crois-je, de perdre la vue que 
l’ouie ou le parler.” 

Mais, 4 peine nous sommes-nous penchés sur ces 
problémes de l’audition et de la correction auditive, 
que nous nous apercevons de leur complexité, de 
- leur difficulté. L’une et l’autre suffisent a expliquer 


la lenteur avec laquelle ont progressé les recherches 
qui leur ont été consacrées. Il faut, d’ailleurs, recon- 
naitre que si, suivant un principe fameux de la 
philosophie des sciences, il n’y a de science que de 
mesurable, nous ne nous intéressons vraiment 4 une 
recherche, 4 une science, que lorsque nous voyons 
transparaitre 4 travers l’aridité des théories et des 
équations qui les définissent, l’intérét intellectuel 
d’une satisfaction de l’esprit, certes, mais aussi 
l’espoir humain, plus humble mais parfois plus géné- 
rateur d’efforts, d’apporter quelques soulagements a 
notre condition humaine. 

Or, l’audiométrie et la prothése auditive ont, 
n’est-il pas vrai, des objets, des ambitions qui répon- 
dent 4 ce double appel de notre esprit et que je 
résume ainsi: 

— mieux connaitre l’audition, donc la mesurer 
avec plus de finesse, plus de rigueur aussi et a cette 
fin, préciser la technique audiométrique; 

— ayant, grace a cette technique, constaté, déli- 
mité les insuffisances de l’audition, y remédier dans 
la mesure du possible: c’est l’objet de la prothése 
auditive. 

Indiquons les grandes lignes des chemins par- 
courus par savants et techniciens, physiciens et mé- 
decins, dans cette double direction, avec la double 
ambition, la double préoccupation de la science 
pure (les vérités générales et la connaissance en soi) 
et de la technique appliquée aux cas particuliers, 
c’est-a-dire a la vie. 

Voulez-vous qu’avant d’apprendre de nos col- 
légues les révélations de leurs derniers progrés scien- 
tifiques, jetant un regard vers le passé, nous esquis- 
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sions un rapide historique des ’’premiers faits’’ 
audiologiques et de leur évolution. Regard trés bref 


si nous ne voulons pas nous attarder puisque, a lui 


seul, le Cours d’Audiologie Clinique professé 4 Paris 
du 11 au 17 février 1952 n’a pas réuni moins de 23 
conférenciers dont les travaux forment un volume 
de 600 pages. Sa rapidité méme nous permettra, 
peut-étre, de mieux mettre en lumiére les remar- 
quables progrés que nous devons a une floraison de 
travaux internationaux, dont la possibilité et le déve- 
loppement ont un point de départ commun 4 travers 
les progrés de l’électroacoustique et de la téléphonie, 
celui de la découverte des phénoménes électroniques 
et de la lampe a trois électrodes par LEE DE FOREST. 


Historique de l’audiométrie 


Si l’audiométrie a une trés vieille histoire, axée sur 
le phénoméne méme de I’audition, elle le doit a 
l’observation des faits spécifiques qui signalaient la 
mauvaise compréhension des durs d’oreille. La 
difficulté de comprendre la voix parlée, l’impossi- 
bilité d’entendre les sons faibles (celui du diapason 
dont les vibrations s’éteignent lentement aprés per- 
cussion initiale, tic-tac de la montre que l’on éloigne 
de l’oreille), ont conduit les otologistes 4 caractériser 
le degré d’aptitude auditive et la déficience auditive 
par une appréciation mi-qualitative, mi-quantitative: 
qualité de la voix percue ou entendue, voix chucho- 
tée, voix murmurée, voix mi-forte, voix trés forte, 
temps d’audition d’un diapason par conduction 
aérienne a une distance donnée de l’oreille ou par 
conduction osseuse, distance minima de perception 
du tic-tac de la montre. 

Si je crois devoir rappeler ces procédés qui parais- 
sent désuets et dignes des premiers Ages, c’est que 
des études récentes ont souligné a ’’l’évidence’’ qu’ils 
présentaient un réel intérét quantitatif. Tel était 
bien, en effet, la pensée de notre ami le Docteur 
Raovut CaussE lorsque nous fiimes conduits, il y a 
quelques années, a préciser les possibilités audio- 
métriques du test 4 la montre. Quant aux essais 
d’intelligibilité dont les téléphonistes ont montré, il 
y a longtemps, l’importance dans |’évaluation de la 
qualité de la transmission, de la conversation télé- 
phonique, ils ont trouvé, ainsi que l’ont remarqué 
de nombreux auteurs, un champ d’application extré- 
mement étendu dans |’évaluation de la surdité et de 
la correction auditive. Ainsi, dans cette science, 
comme dans bien d’autres, des idées élémentaires 
primitivement a peine ébauchées ont révélé leur 
fécondité quand elles ont trouvé, pour les supporter 
et les mettre en valeur, les fondements ou les moyens 
scientifiques qui leur faisaient défaut. 

Grace 4 HARVEY FLETCHER, l'étude de toutes ces 
questions, de leurs diverses modalités et de leurs 


SECTION IV: HEARING AIDS AND AUDIOMETERS, CHAVASSE 


AGUSTICA 
Vol. 4 (1954) 


possibilités techniques, recut une impulsion essen- 
tielle qui les recréa, en quelque sorte, et qui leur 
donna un développement scientifique qui n’a cessé de 
progresser jusqu’a nos jours. L’audiométrie est, en 
effet, scientifiquement née avec les recherches de 
WEGEL, de LANE et surtout de l’auteur de Speech 
and Hearing’. J’ai cité ces quelques noms que tous 
connaissent d’une fagon presque classique et qui ont 
réellement marqué la science de l’ouie; cependant, 
je préfére que nous nous en tenions maintenant aux 
faits plus qu’aux noms, car dans la floraison des 
travaux qui ont jalonné la progression de l’audiologie, 
il y eut tellement d’apports originaux, illustres ou 
plus obscurs, de constructions nouvelles, que la 
crainte de laisser de plus dignes dans l’ombre nous 
conseille de nous attacher avant tout aux réalités 
qui ont marqué les stades successifs des progrés de 
l’audiométrie jusqu’a l'état ot nous la voyons 
aujourd’hui, avec une perspective toute grande 
ouverte sur les révélations de l’avenir. 

Avant la guerre, peu de régles avaient pu étre 
élaborées. Notons, cependant, une tentative améri- 
caine et un examen comparatif inquiétant des audio- 
métres communément utilisés, examen montrant 
leur extréme individualisme et la diversité fantaisiste 
des audiogrammes qu’ils permettaient de tracer; de 
méme, en 1938, un projet frangais ott seuls étaient 
précisées les caractéristiques électriques des audio- 
métres, de maniére a4 garantir la construction et la 
qualité matérielles; mais, faute d’oreille et de 
mastoide artificielles et de chambre muette, faute 
enfin de zéro absolu, aucune construction définitive 
ne put étre édifiée. Du moins, ces premiéres tenta- 
tives permirent-elles de poser correctement le pro- 
bléme, de voir avec précision leurs difficultés, de les 
classer en quelque sorte et d’orienter vers leurs 
solutions méthodiques. 

Ceci nous conduit au probléme majeur de l’audio- 
métrie, celui du zéro de référence, c’est-a-dire du 
seuil normal aérotympanique de I’audition, et ici je 
laisse volontairement de cété le probléme beaucoup 
plus complexe encore du seuil normal par voie 
osseuse. 

La définition correcte du seuil aérotympanique 
suppose, en effet, une convention: car, en définitive, 
qu’est-ce qu’un seuil d’audition? Subjectivement, 
nous n’avons aucune peine a le définir par une sen- 
sation liminaire et, physiquement, par une intensité 
ou une pression acoustique, donc, par des éléments 
mesurables. Or, dés que ce probléme fut posé, il 
apparut d’une extréme difficulté 4 résoudre: qu’on 
opérat avec un écouteur téléphonique placé contre 
le pavillon de l’oreille ou dans le conduit auditif, 
qu’on exécutat les mesures avec un haut-parleur, il 
fallait de toutes fagons, une convention. Des travaux 
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et WHITE en 1933, de Montcomery en 1932, de 
BEASLEY en 1936, de Dapson et Kinc et de WHEELER 
et Dickson en 1952, ont montré des écarts considéra- 
bles entre les deux conceptions. Ainsi, voyait-on 
s’esquisser deux tendances, deux techniques, deux 
écoles, deux définitions du zéro: celle des seuils avec 
écouteur, celle des seuils avec haut-parleur. 

La premiére technique, relative au seuil avec 
écouteur, a conduit les expérimentateurs 4 examiner 
en détail le fonctionnement des écouteurs et leurs 
conditions de rayonnement et 4 délimiter avec pré- 
cision le probléme de la définition du seuil. De la 
sorte, on fut incité a étudier l’impédance acoustique 
de V’oreille naturelle, 4 définir et a construire des 
oreilles artificielles mécaniquement et physiquement 
spécifiées, qui soient représentatives d’une oreille 
moyenne typique. 

Rappelons ici que divers modéles d’oreilles artifi- 
cielles ont été réalisées dés 1932 en Amérique 
(IncLIs, GRAY, JENKINS), puis dans la suite en Angle- 
terre (WEsT), en Italie (BARDUCCI), en Suisse (WE- 
BER) et en Allemagne; en France également des études 
de méme nature ont conduit a des créations du méme 
genre (au Centre National d’Etudes des Télécom- 
munications). Des comparaisons entre les divers 
modéles ont fait apparaitre une certaine ”homogé- 
néité”” dans les résultats des essais relatifs 4 des 
écouteurs dont la réponse avait été relevée avec 
diverses oreilles, ce qui ouvre des perspectives trés 
favorables sur la définition des seuils. Cette normali- 
sation sera nécessaire et permettra, sans doute, de 
ramener au méme niveau les relevés systématiques 
de seuils déterminés dans divers pays sur quelques 
centaines, quelques milliers ou quelques centaines 
de milliers de sujets, tant en Amérique qu’en 
Angleterre, qu’en Italie, en Suisse, et en France. 

En ce qui concerne les essais avec haut-parleur 
qui imposent l’expérimentation en salle muette, ils 
ont eu de nombreux protagonistes et il n’est que 
de citer ici les publications de SIvIAN et WHITE et 
de FLETCHER et Munson pour illustrer leur rare 
qualité. Sans prononcer d’autres noms, rappelons 
que le grand probléme est celui que pose l’effet de 
diffraction de la téte, la nécessité de préciser la 
forme des ondes et l’orientation de la téte par rap- 
port a la direction de la propagation, ainsi que !’in- 
fluence du conduit auditif. Enfin, dans le cas de 
l’écoute en onde libre, apparaissent tous les phéno- 
ménes inhérents au mécanisme binauriculaire (aug- 
mentation de la sensibilité auditive, sensibilisation 
temporaire, nécessité de masquer une des oreilles 
pendant que I’autre est examinée, etc.). 

On sait que des études comparatives ont été faites 
entre les valeurs des seuils rapportés au tympan ou 
avec écouteur et les valeurs relevées en champ libre 
(WIENER, Ross, MuNSoN entre autres), et que des 
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écarts de l’ordre d’une dizaine de décibels ont été 
constatés entre les unes et les autres. 

On se souvient aussi que, compte-tenu des effets 
de diffraction ou d’impédance acoustique, il sub- 
siste encore des différences entre les seuils déter- 
minés par ces divers genres de mesures, divergences 
qui, en 1953, semblent 4 notre connaissance encore 
inexpliquées. 

Ceci laisse entrevoir l’intéressante perspective de 
recherches fructueuses et indique que tout n’a pas 
été dit en matiére de seuil d’audition et que la voie 
reste largement ouverte aux prospections scientifi- 
ques. Retenons simplement, si vous le voulez bien, 
les questions qui préoccupent tous les techniciens 
et qui tracent la route des futurs travaux: 

— écoute en champ libre: spécification des salles 
d’écoute, des assourdisseurs, effet de l’orientation 
de la téte, etc.; 

— examen avec écouteur: spécification d’une oreille 
artificielle ou du moins de ces caractéres physiques 
généraux; 

— dans les deux cas d’écoute, application des 
notions nouvelles concernant le recrutement, les 
seuils différentiels, la constante de temps de I’oreille, 
la fatigue auditive; 

— définition d’une mastoide artificielle pour 
V'examen des vibrateurs (v. BExEsy, HAWLEY, GREI- 
BACH, CARLISLE ,..). 

Plus généralement, définition de normes univer- 
selles permettant aux otologistes de caractériser de 
la méme maniére un déficit auditif, de parler un 
langage uniforme, de se comprendre et de s’entendre 
entre eux, ce qui semble le minimum que 1!’on 
puisse requérir de ceux qui ont pour mission de 
faire entendre les autres. 


Appareils de prothése 


Le deuxiéme chapitre, complément, conséquence 
et conclusion du premier, est celui de la prothése 
auditive. C’est en définitif celui qui intéresse le plus 
le patient auquel il apporte quelqu’apaisement. La 
technique des appareils, qui a beaucoup évolué sur 
le plan pratique a, jusqu’ici, consisté en une ampli- 
fication indistincte et uniforme des sons et tout spé- 
cialement des sons vocaux. 

Il est évident que leur technique a suivi l’évolution 
générale de l’électronique, alors qu’ils étaient de- 
meurés longtemps au stade des antiques porte-voix 
et des cornets acoustiques, dont le réle était de 
conduire a l’oreille les sons de la parole sans leur 
faire perdre de leur intensité trés considérable au 
voisinage des lévres: quelques 100 phones. Ne par- 
lons ici que pour mémoire, des premiers appareils 
amplificateurs qui étaient basés sur le pouvoir ampli- 
ficateur du microphone a charbon et dont la qualité, 
souvent mauvaise et irréguliére, a découragé nombre 
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de malades. La création des tubes électroniques et 
des appareils de haute qualité: microphone piézoélec- 


trique, récepteur magnétique, a dans ce domaine, 


comme dans beaucoup d’autres, amené une ”’révo- 
lution créatrice’’, Elle a été complétée par l’appari- 
tion des vibrateurs de LIEBER et de leurs dérivés 
qui ont permis de corriger des surdités qui n’étaient 
pas justifiables des anciennes méthodes d’amplifi- 
cation. 

La révolution dans l’appareillage a été accélérée 
lors de la récente guerre par l’apparition des tubes 
miniatures, des piles de longue conservation et de 
petites dimensions. Enfin, l’application générale des 
méthodes de l’électronique a permis, par la mesure 
des seuils d’audition, des pouvoirs amplificateurs et 
par le tracé des courbes de réponse (utilisant encore 
ici les oreilles artificielles) de définir les propriétés 
des appareils, de les chiffrer, d’en évaluer le bénéfice 
et d’orienter les progrés futurs. 

Se sont ainsi posés successivement: le probleme 
de l’amplification uniforme de haute qualité, tant 
en conduction aérotympanique qu’en conduction os- 
seuse, puis celui de l’amplification sélective, enfin 
celui de la régulation automatique du volume, si 
précieuse dans de nombreuses affections, mais tout 
spécialement dans celles qui se compliquent du 
phénoméne de recrutement. De toute fagon, l’appa- 
reillage, évidemment trés recherché des sourds, est 
maintenant fourni par les services de la Sécurité 
Sociale, mais en contrepartie, un contrdéle a dé étre 
imposé. 

Ce contréle a porté sur la qualité, la stabilité, la 
définition des courbes de réponse qui, a l’image des 
courbes de réponse des appareils téléphoniques, ont 
pu étre relevées au moyen d’oreilles artificielles, de 
bouches artificielles et de mastoides artificielles. 
Citons également les études relatives a l’effet de 
baffle humain (HANsoNn, NICHOLS...). 

Ces appareils ont permis, d’une part, de norma- 
liser, au moins provisoirement, certaines courbes de 
réponse jugées jusqu’ici les mieux adaptées a la 
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correction auditive dans la majorité des cas. Telle 
est la solution adoptée dans divers pays, notamment 
en France. Mais ils ont ouvert les perspectives 
nouvelles en permettant, par les méthodes d’essais 
subjectives d’intelligibilité mises au point par divers 
auteurs (FOURNIER, FALCONNET etc.) d’établir une 
corrélation entre la forme d’une correction et sa 
qualité. Ainsi s’est trouvé posé le probléme de la 
correction sélective, probléme difficile, controversé, 
mais essentiel (DAVIS, STEVENS, .. .). 

Ici, Messieurs, je m’arréte sans tirer de conclusion 
précise, car la conclusion, ce sont vos travaux, vos 
débats qui la susciteront, qui l’éclaireront, qui 
l'imposeront. En ce qui concerne le probléme de 
l’appareillage, de grands progrés ont été faits qui 
autorisent les plus grands espoirs. Si les méthodes 
de contréle avec voix, bouches, oreilles artificielles 
ont pris un caractére universellement scientifique, en 
revanche un accord international reste encore a 
obtenir sur divers points et notamment sur les sui- 
vants: 

1) Courbes de réponse optimum de l'appareil de 
prothése auditive; 

2) Leur adaptation aux divers types de surdité; 

3) L’oreille et la mastoide artificielles a utiliser 
pour l’étude des appareils; 

4) Probleme de la régulation automatique du 
volume. 

C’est-a-dire, au fond, création d’une norme géné- 
rale de caractére international, norme aux spécifica- 
tions harmonieusement diversifiées tout en restant 
dans le cadre d’une unité fondamentale. 

J’ajouterai, Messieurs, union de vos efforts, de 
vos études théoriques et pratiques, physiques ou 
subjectives, comparaison des résultats dont il se 
dégagera, j’espére un jour, des solutions concrétes, 
indiscutables qui s’imposeront a l’esprit des techni- 
ciens. Ce jour-Ja, nous aurons utilement travaillé. 
Permettez-moi, Messieurs, d’espérer que cette 
réunion de Delft aura de tels effets pour le plus 
grand bien de nos fréres. 
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A DISCUSSION OF SOME PROBLEMS INVOLVED IN DERIVING 
OBJECTIVE PERFORMANCE. CRITERIA FOR A WEARABLE AID FROM 
CLINICAL MEASUREMENTS WITH LABORATORY APPARATUS 


by E. W. Ayers 
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Summary. In investigating the effects of such parameters as frequency-response characteristics 
on the performance of hearing aids, recourse is often necessary to experiments under laboratory 
conditions. In translating the results of such experiments into a performance specification for a 
wearable aid, it is necessary to make allowances for differences in the relationships between the sub- 
jective and objective efficacies of the transducers used, and for the special conditions of use of the 
hearing aid. The microphone of the aid is normally worn on the body of the user, possibly under 
one or more layers of clothing, and is exposed to a partially diffuse sound field. The paper discusses 
some of these effects, and shows how the appropriate correcting factors may be determined. 


Sommaire. Dans une investigation des influences de paramétres comme les courbes de fréquence 
pour les appareils de prothése, on doit souvent recourir 4 des expériences de laboratoire. Pour obtenir 
une spécification pour un appareil de prothése portatif il est nécessaire d’avoir égard aux efficacités 
subjectives et objectives des transducteurs employés et aux conditions spéciales de son emploi. Le 
microphone de l’appareil est porté sur le corps, peut étre sous un ou deux vétements de l’usager et 
est exposé 4 un champ sonore partiellement diffus. On discute certaines de ces influences et on montre 
comment les corrections peuvent étre déterminées. 


Zusammenfassung. Zur Beurteilung der Wirkungsweise von Hérapparaten werden oft Versuche 
unter Laboratoriumsbedingungen herangezogen. Um hieraus Vorschriften fiir die Leistung tragbarer 
Apparate zu gewinnen, mu man die Unterschiede zwischen der subjektiven und objektiven Wirk- 
samkeit des Geradtes und die besonderen Benutzungsbedingungen beriicksichtigen. Einige Aus- 
wirkungen — z.B. wenn das Mikrophon unter Kleidungsstticken getragen wird — werden besprochen 


und es wird gezeigt, wie entsprechende Korrekturfaktoren bestimmt werden kénnen. 


1. Introduction 


This paper is concerned with the gain and output 
power of hearing aids, as functions of frequency. I do 
not propose to re-open the controversial question of 
optimum characteristics, but to discuss a problem 
which confronts all who tackle it in a scientific way — 
the problem of translating clinical measurements 
under laboratory conditions into an objective perfor- 
mance specification for a wearable aid. 


2. Subjective equivalence 


Let us assume that measurements, for example of 
intelligibility, have been made with a "master 
hearing aid’’, consisting of a laboratory microphone 
used in an acoustically treated room, amplifiers, 
equalisers, etc., and a high quality receiver. It is 
immaterial. for the present whether the measure- 
ments are of one individual or of a representative 
group, or what criterion is used in judging results, 
but we may assume that certain settings of this 
equipment have been found to give a desired per- 
formance, which is to be reproduced in a wearable 
hearing aid. The preferred settings of the master 
aid may be described objectively, for example by 
the gain function: 


A(f) = 20 log (P,/P,) dB (1) 
where P, is the sound pressure developed, in a speci- 
fied artificial ear, by the master aid receiver when its 


microphone is exposed to a plane progressive sound 
field of unobstructed sound pressure Py. 

It will be assumed that the subjective effect of the 
master aid at this setting will be reproduced in a 
wearable aid if, from a given sound source, the 
latter is arranged to develop at each frequency the 
same loudness as the master aid would have devel- 
oped. The relationship between objective and sub- 
jective effects depends on the types of transducer 
employed and the way in which they are used, so 
that it is not sufficient merely to duplicate the A 
function. For example, a given sound pressure may 
be set up in the ear canal by a free sound field or by 
various types of closely coupled receivers, but it 
does not follow that the resulting loudness sensations 
will be equal. The differences are particularly large 
with insert type receivers. It is necessary also to 
allow for the fact that a wearable aid microphone 
is commonly not used in the same way as the master 
aid microphone, i.e. suspended in a free sound field 
with no other obstruction near. The aid is worn on 
the body, possibly under one or more layers of 
clothing, and is exposed to a partially diffuse sound 
field. 


3. Receiver corrections 


The objective sensitivity of the master aid re- 
ceiver may be defined as: 


So (f) = 20 log (Pi/E;) (2) 
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where E, is the electrical input required to develop 
the sound pressure P, in the specified artificial ear. 
If the receiver of the wearable aid requires an input, 
E, to develop P, in an appropriate artificial ear, not 
necessarily the same, its sensitivity is: 

T, (f) = 20 log (P,/E;). (3) 
Subjective calibrations may now be made to find 
the free-field sound pressures P,, P; required to 
give the same loudness sensations as produced by 
the receivers when excited by E,, E,: 


Ss (f) = 20 log (P2/E;), (4) 
T, (f) = 20 log (P3/E,). (5) 


The target function A may now be expressed as a 
ratio of free-field sound pressures only. P, in (1) 
may be replaced by the equivalent free-field sound 
pressure P,, using (2) and (4), giving 
G(f)=20 log (P,/Po) 
=20 log (P,/Po) +20 log (P,/E,) —20 log (P,/Ex) 
=A -+ S, — S, dB. (6) 


This may be described as the target monaural free- 
field insertion gain of the master aid. Under the 
assumptions made in the previous section, sub- 
jectively equivalent systems must produce the same 
loudness from a given sound source, so G is also 
the target for the wearable aid if used with a free field 
input. By reversing the process leading to (6), an 
objective gain function for the wearable aid, analo- 
gous to A, may be deduced, giving the pressure P, 
which should be developed by the wearable aid 
receiver, in the artificial ear specified for its cali- 
bration, when its microphone is exposed to a free 
field of unobstructed sound pressure Py». 
Bf) = G —(T, — T,) 

=A-+(S;—S,) hier T,) 

= 20 log (P,/P») dB. (7) 
This quantity B, though convenient for objective 
measurement, fails to allow for the proximity of the 
body, or for use of the aid in reverberant surroun- 
ings. 


4. Body baffle effect 


Attemps have been made to devise artificial bodies, 
to which an aid may be attached when immersed 
in a free sound field for test, and which simulate 
the absorbing and diffracting effects of an average 
wearer. Unfortunately neither artificial nor real 
human bodies are satisfactory for this purpose under 
the laboratory conditions of a plane progressive in- 
cident sound field. Fig. 1 illustrates the rapid 
variation with frequency and subject of the pressure 
at the middle of the chest. Fig. 2 taken from data 
published by Harvard University [1] shows the 
effect of the body on the output of a number of 
aids. The various curves in this figure show ap- 
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Fig. 1.. Change in pressure at a point in a free sound field 
due to introducing thereat the chest of a human 
subject. 
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parently unrelated fluctuation, and the authors quote 
large changes as a result of spacing the aid only a 
centimetre or so from the surface of the body. The 
problem of producing a representative artificial body 
appears to be a formidable one, but I will return to 
this after considering the question of reverberant 
surroundings. 


10dB 


RT sae tae 
PRS 


Output isolated 


Output when worn 


Roe 20 10g 


1000 
——~ Frequency 
Fig. 2. Body-baffle effect in a free sound field. 
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5. Diffuse fields 


It may perhaps be assumed that the progressive 
sound field used in calibrating the master aid is a 
sufficiently close approximation to its normal con- 
ditions of use. If so, the quantity G of (6) adequately 
describes its performance. To allow for the different 
conditions of use of the wearable aid, the definition 
of subjective equivalence, equal loudness for a given 
input Py, must now be broadened to equal loudness 
for an equivalent input, i.e. a sound field of random 
incidence with an unobstructed sound pressure 
numerically equal to Py. With the understanding 
that P, refers to such a random field, the quantity B 
now represents the target gain function for the 
wearable aid, measured in a diffuse sound field and 
attached to an artificial body. 

Returning now to the question of the artificial 
body, Fig. 3, from the same source as Fig. 2, shows 
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Fig. 3. Body-baffle effect in a random sound field. 


the effect of the body on the output of an aid in a 
diffuse field. The behaviour is much more con- 
sistent than in progressive sound fields, and a stable 
mean curve can be drawn. This may either be used 
to specify an artificial body, or applied as a correc- 
tion factor to measurements made with an isolated 
aid, If 
mean output when worn 
output when isolated ’ 


a(f) = 20 log (8) 
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a new target function may be defined for the meas- 
ured gain of the isolated aid in a diffuse field: 
BG) Ast: (SNF) (Sig) ears (9) 
Finally, since it is not always convenient to set 
up truly random testing fields, the performance of 
an isolated aid in such a field may be estimated by 
calculating the ratio of its mean spherical to normal 
sensitivity from measurements with progressive 
waves incident at a number of angles, If 


mean spherical sensitivity 
normal sensitivity 


b(f) = 20 log dB (10) 


and the isolated aid is now tested with a plane 
progressive sound wave, Py, at normal incidence, 
the sound pressure produced by its receiver in an 
artificial ear, to meet the target conditions, should 
be P; and its gain should be B”, given by: 
BY (f) = 20 log (P;/Pp) 
= A+(S,—T,)—(S,—T,)—a—b dB. (11) 
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METHODS OF MEASUREMENT FOR HEARING AIDS 


by A. G. TH. BECKING 
Philips Research Laboratories, Eindhoven, Netherlands 


Summary. 


The different ways of defining the input sound pressure on a hearing aid are discussed. 


In addition, a comparison is given of the specifications for acceptable hearing aids in some European 


countries. 


Sommaire. Etude des méthodes définissant la pression acoustique d’entrée pour les appareils de 
prothése auditive. En outre, est présentée une comparaison des spécifications valables dans quelques 


pays Européens. 


Zusammenfassung. 


Die verschiedenen Methoden fiir die Festlegung des Eingangsschalldrucks 


bei der Messung von Schwerhérigengeraten werden diskutiert. AuBerdem werden die in verschiedenen 
europdischen Landern giiltigen Normen fiir Schwerhérigengerate miteinander verglichen. 


1. Introduction 


A great deal has already been written and said 
about methods of measurement for hearing aids. But 
the subject is still a source of many misunder- 
standings and it seems that no two persons measure 
the hearing aids in exactly the same way. Perhaps 
this can serve as an excuse for one more paper, 
even if some of the ideas it contains have already 
been put forward [1]. We will restrict ourselves to 
one point in the procedure; viz. the way in which 
we define and measure the input sound pressure 
which acts on the microphone of the hearing aid. 


2. Input sound pressure definitions 
The method most quoted is the free-field method 
(e.g. [2]). A progressive wave is produced in an 
anechoic room and the sound pressure in it is 
measured. After this the hearing aid is inserted at 


the measuring spot. This corresponds to the usual 
definition of the field-calibration of standard micro- 
phones. 

Another method is more like the pressure-cali- 
bration definition. Here the sound pressure, as 
actually present at the microphone openings of the 
aid, is regarded as the input sound pressure. To 
measure it, a standard microphone is brought as 
close as possible to these microphone openings in 
the aid. It is often convenient to use this standard 
microphone as a regulating microphone, thus keeping 
the input sound pressure constant. This measure- 
ment can be done in an anechoic room but it is also 
possible to do it in a small box. 

These two definitions — ’’field’”’ and ’pressure’”’ — 
can give quite different results. This can be shown 
by the following experiment (Fig. 1). A condenser 
microphone is inserted into a progressive wave in 
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an anechoic room. This microphone is of such small 
dimensions that it does not disturb the sound field 
at the frequencies that interest us. 


10dB 


2 R= (5 10? 2 GAURG 
—— Frequency. 

Fig. 1. Change in response of the microphone M when the 
block B is put on it. The arrow gives the direction 
of the incident sound; the dimensions of the block 
are given in mm. 
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A piece of wood in the form of a hearing aid is 
then slipped over the microphone. The change in 
response of the microphone (Fig. 1) is then just the 
difference between field and pressure calibration 
of a hearing aid of the same form as the block. This 
block is somewhat larger than present-day aids, but 
this can be accounted for by multiplying the fre- 
quency scale by a factor of 1.5 or 2. Even then there 
remain appreciable differences in the speech range 
up to 4000 c/s. 

Fig. 2 shows that when we keep the sound pressure 
near the ’’aid’’ constant by means of a separate 
regulating microphone, we return to the pressure 
calibration. 


15 dB 


ae, 4 6 10? 2 an) 
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Fig. 2. The same block is used as in Fig. 1, but now the 
sound pressure as measured by the regulating micro- 
phone R.M. is kept constant. 


An argument in favour of the pressure method is 
its smaller cost, as no anechoic room is needed. This 
is important, as it is useless to adopt a very fine 
experimental method when its cost will limit its 
use to only a few laboratories. 


3. The body-baffle effect 


When the hearing aid is in actual use, the in- 
coming sound waves will be diffracted by the body 
of the patient. The question is now to decide which 
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of the two, namely the field or the pressure charac- 
teristic, will enable us to predict the behaviour on 
the patient most accurately. To answer this question, 
the experiment of Fig. 1 was repeated with a flat 
baffle (imitating the body of the patient) (Fig. 3), 
and with the block on the baffle (Fig. 4, curve 
drawn in full). Only in the latter case does the 
familiar body-baffle dip appear, and we see that a 
new diffraction curve results, which is totally differ- 
ent from both the curve for the aid alone and the 
curve for the baffle alone. Apparently neither field 
nor pressure calibration can predict for us the true 
characteristic when the aid is worn on the body. 


10dB 
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Fig. 3. The experiment of Fig. 1 repeated with a baffle. 


There is a great need for international stan- 
dardisation of methods of measurement for hearing 
aids. In the writer’s opinion it would be useful to 
normalize both the field and the pressure method: 
the first because it is already widely accepted, the 
second because of its simplicity. 


10dB 


Fig. 4. The block of Fig. 1 is placed before the baffle of 
Fig. 3, simulating a hearing aid worn on the body 
of the user (curve drawn in full). 

For comparison are added: 
— — — — obstacle effect of hearing aid alone, as 

in Fig. 1. 

obstacle effect of baffle alone, as in Fig. 3. 


ee 


4. Specifications on overall curves 


In some European countries there are organisa- 
tions that have drawn up specifications for hearing 
aids. These specifications are as different as the 
experimental methods are. As an example we shall 
compare the overall acoustic curves required by two 
organisations in two different countries. They will 
be referred to as A and B. 
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In case B, the ASA type 2 (2 cm) coupler is 
used; in case A, a different artificial ear. When a 
correction (6 dB/octave up to 2000 c/s) is applied 
for this, the resulting tolerance limits are as shown 
in Fig. 5; The language difference between A and 
B can hardly justify this divergence. 


150B T 
Po bey 
10 ake 5 
r 
| 
§ ial 3 
Ort 
~ 
ioe 
Beit 
-10 Jamey 
+) i Ce 
Frequency 
Fig. 5. — — —— Tolerance limits in case A. 


Tolerance limits in case B, 


Both specifications can yield a hearing aid that is 
satisfactory for a certain category of patients. The 
solution of the standardisation problem should be 
sought in the specification of a number of curves, 
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each for a type of deafness, as was put forward by 
CHAVASSE and LEHMANN [3]. 
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Discussion 


Ayers, E. W.: Pressure calibration of aids fails to show 
effects of sound reaching the microphone through the back 
of the case, e.g. The response may appear good with pres- 
sure calibration, but will be irregular with field calibration. 

LECTURER: When the aid is worn, the back openings are 
covered by clothing. Even if these openings would then 
still transmit sound, conditions will be different also from 
those during free field calibration. 

Mrass, H.: Wird das Regelmikrophon 2 bis 5 cm seitlich von 
der Hérhilfe angebracht, so ergeben sich gegentiber einer 
Freifeldmessung keine gréBeren Abweichungen als + 3 dB. 
Dies ist von geringer Bedeutung. 

LECTURER: Diese MeSmethode ist sicherlich méglich und 
gibt eine Art Mittelwert zwischen Feld- und Druck- 
eichung. Wenn man aber von der Feldmethode abgeht, ist 
es wohl prinzipiell besser, dann auch gleich zur reinen 
Druckmethode tiberzugehen. 


VALEURS COMPARATIVES DES DEFICITS AUDITIFS MESURES AVEC UN 


BRUIT COMPLEXE ET AVEC DES SONS PURS 


par P, CHAVASSE et P. FALCONNET 


Centre National d’Etudes des Télécommunications, Paris. Centre d’Examen Médical du Personnel 
Navigant de |l’Aviation, Paris 


Sommaire. Le probléme considéré par les auteurs est celui de la substitution, en audiométrie, d’un 
test unique avec bruit complexe, aux tests multiples habituels avec fréquences pures, dans une bande 
de fréquences déterminée, et de rechercher s’il existe une corrélation entre les résultats donnés par les 
deux méthodes d’investigation. En l’absence de définition valable de l’intensité du bruit complexe 
a spectre continu, les mesures subjectives effectuées ont toutes été relatives: elles sont rapportées aux 
seuils de sujets normaux. 


Zusammenfassung. Die Autoren behandeln das Problem, die in der Audiometrie tiblichen Tests 
mit vielen reinen Ténen durch einen einzigen Test mit einem komplexen Gerdusch in einem bestimm- 
ten Frequenzband zu ersetzen und versuchen, eine Beziehung zwischen den mit beiden Methoden 
gewonnenen Resultaten zu finden. Ohne eine genaue Definition fiir die Energie des komplexen 
Gerdusches mit kontinuierlichem Spektrum war man bei subjektiven Tests auf Relativmessungen 
in Bezug auf die Hérschwellen normaler Versuchspersonen angewiesen. 


Summary. The problem considered is that of the substitution in audiometry of a single test with 
a complex noise for the multiple tests commonly made with pure tones in a given frequency band, 
and of finding whether a correlation exists between results obtained with the two methods. In the 
absence of a valid definition of the intensity of the white noise, the subjective measurements made 
were all relative. These related to the thresholds for normal subjects. 


1. Introduction 


Sur le plan physio-pathologique, les bruits com- 
plexes ont été surtout envisagés jusqu’a ce jour en 
fonction de leur effet de masque. Mais il nous est 
apparu depuis longtemps qu’une application intéres- 


sante de bruit complexe a spectre continu ou plutét, 
des bruits complexes obtenus par introduction de 
filtres de bandes, pouvait se trouver dans la recherche 
des seuils de l’audition a partir de tels bruits en 
remplacement des sons purs. Une telle méthode 
aurait pour intérét d’explorer l’oreille, en méme 
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temps, sur toute une gamme de fréquences et pré- 
senterait de multiples avantages. 

L’hypothése du présent travail résidait dans cette 
déduction, plausible, que le seuil de l’audition d’un 
bruit complexe, dans une bande de fréquences déter- 
minée, correspond au seuil de la fréquence pure la 
mieux percue dans cette bande. En d’autres termes, 
loreille, interrogée simultanément sur un certain 
nombre de fréquences, répondrait dés qu’elle entend 
l’une de ces fréquences, soit la fréquence dont le 
seuil est le plus bas, c’est a dire le meilleur. 


2. Description de l’appareillage 


Les essais que nous rapportons ici ont été effectués 
a l’aide d’une source de bruit complexe produit par 
agitation électronique dans un gaz ionisé. Les fluc- 
tuations de la tension prélevée aux bornes du tube 
a gaz sont appliquées a l’entrée d’un amplificateur 
dont la sortie est connectée a l’entrée des filtres. 

Le montage de l’appareillage, tout a fait classique, 
comprend, entre le générateur de bruit et la ligne 
d’affaiblissement qui précéde l’écouteur, deux filtres 
de bandes, le premier laissant passer les fréquences 
supérieures 4 400 Hz et le second celles inférieures 
4 1900 Hz. Avec un analyseur du type spectrométre 
de bandes, tel que celui de Siemens, spectrométre a 
AF/F=C*, (c’est-a-dire, un appareil dont la 
sélectivité absolue /\F est proportionnelle 4 la fré- 
quence, la selectivité relative AF/F étant la méme 
dans toute l’etendue du spectre) le bruit complexe 
400 :-- 1900 Hz, issu du montage, présente, a l’ana- 
lyse spectrale, une distribution linéaire, soit une 
intensité relative 4 peu prés égale dans chacun des 
intervalles élémentaires de fréquences de la bande 
considérée. 

On utilisait, en outre, un générateur de sons purs 
relié 4 un écouteur de haute qualité par l’inter- 
médiaire d’une ligne d’affaiblissement permettant 
les mesures audiométriques habituelles. 


3. Mesures effectuées 


Avec chacun des deux appareillages, 4 bruit com- 
plexe ou a fréquences pures, la tension de mesure, 
repérée au moyen d’un voltmétre 4 oxyde de cuivre, 
était maintenue constante 4 l’entrée de la ligne 
d’affaiblissement. La détermination du seuil normal 
de l’audition, a l’aide de l’appareillage a fréquences 
pures avait été préalablement effectuée, pour des 
essais d’une autre nature, sur 56 oreilles saines. On 
avait ainsi mesuré la valeur moyenne de I'affaiblisse- 
ment qu’il convenait de donner a la tension de 
sortie du générateur pour obtenir les seuils des fré- 
quences 500, 800, 1000 et 2000 Hz. L’appareillage 
a bruit complexe a été pareillement étalonné, mais 
en méme temps que les essais ici rapportés, sur 32 
oreilles normales ayant servi 4 une partie des mesures 
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effectuées dans la suite de cette communication, et 
l’on avait alors obtenu la moyenne de I’affaiblisse- 
ment a donner a la tension de sortie du générateur 
pour obtenir le seuil au bruit complexe chez le sujet 
normal. Qu’il s’agisse des fréquences pures ou du 
bruit complexe, les mesures qui vont suivre ne con- 
cernent donc pas la valeur absolue des seuils d’audi- 


—" 


bilité, mais leur valeur relative vis 4 vis du sujet — 


normal théorique moyen. Elles vont exprimer, en 


décibels, les différences existant entre les seuils de 


ce sujet moyen et ceux des sujets d’expérience. Elles 
traduiront donc des déficits, soit positifs chez les 
mieux entendants, soit négatifs chez les sujets nor- 
maux moins favorisés ou chez les sujets sourds. 

Les épreuves proprement dites ont porté sur 45 
oreilles normales et 88 oreilles sourdes, lesquelles 
ont été examinées parallélement et avec le bruit 
complexe 400--- 1900 Hz et avec les fréquences 
pures 500, 800, 1000 et 2000 Hz. 


4. Résultats 


Chez les sujets normaux, dans 40 cas sur 45, le 
déficit au bruit complexe 400 --- 1900 Hz parait plus 
grand que celui du son pur le mieux pergu parmi 
les fréquences 500, 800, 1000 et 2000 Hz. La répar- 
tition des écarts ainsi enregistrés est indiquée dans 
le tableau ci-dessous: 40 fois, ils sont compris entre 
O et 10 dB. 

En ce qui concerne les oreilles sourdes, le déficit 
au bruit complexe est supérieur a celui de la fré- 
quence pure la mieux percue dans 53 cas sur 88, 
soit dans prés des deux tiers des cas, et il est, au 
contraire, plus petit dans 29 cas. Dans 6 cas enfin, 
le déficit est le méme. Les écarts sont trés habituelle- 
ment échelonnés entre 0 et 10 dB. - 


Ecarts des déficits pour le bruit complexe 400 -+- 1900 Hz et 
pour le son pur le mieux percu parmi les fréquences 
500, 800, 1000 et 2000 Hz. 


Sujets normaux Sujets sourds 
Ecarts Son Bruit Son Bruit 
compris pur complexe pur complexe 
entre: mieux mieux mieux mieux 
percu percu percu percu 
Oet 2dB 8 cas 2 cas 13'\cs Fi coe 
3 et 5 dB 18 ” 2 ” 17 ” 7 ” 
6 et 10 dB 2 Nei tlt Tao ss 1 
1l et 15 dB © tinge ee ae 1 ees 
16 et 20 dB ee 3 Pe bee 0 ” 
21 et 25 dB 1 ” 0 ” 1 ” 0 ” 
40 cas 5 cas 53 cs (2 


5. Conclusions 


En somme, si l’on voulait totaliser les résultats 
pour les 45 oreilles normales et les 88 oreilles sour- 
des, on trouverait que l’audibilité du bruit complexe 
400 --- 1900 Hz s’écarte de celle de la fréquence la 
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mieux percue parmi les fréquences 500, 800, 1000 
et 2000 Hz dans les proportions ci-aprés. Sur 133 
oreilles, dans 84 cas, l’écart en plus ou en moins, 
est égal ou inférieur 4 5 dB; dans 32 cas, il est 
compris entre 6 et 10 dB; et 17 fois, il est supérieur 
a 10 dB. 

En ce qui concerne les écarts supérieurs 4 10 dB, 
il convient de spécifier que les sujets examinés, sains 
ou malades, n’avaient aucune expérience des in- 
vestigations audiométriques, lesquelles exigent une 
collaboration trés étroite des individus soumis aux 
mesures, une bonne compréhension du but A at- 
teindre et une attention de tous les instants, qualités 
parfois difficilement requérables de sujets pris au 
hasard et non habitués 4a l’écoute. 

Quoiqu’il en soit, les essais que nous avons con- 
duits jusqu’ici n’ont pas actuellement confirmé 1’hy- 
pothése de travail, au moins dans les conditions de 
l’expérimentation: le son pur le mieux percu a 
semble l’étre généralement mieux encore que le bruit 
complexe. 

Notons cependant que, si l’on n’opére pas dans 
un silence rigoureux, ce n’est pas le seuil de la bande 
400 --- 1900 Hz que l’on enregistre, mais vraisembla- 
blement une variation d’intensité des bruits percus, 
le bruit de fond et le bruit complexe utilisé cumulant 
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leurs effets. En raison méme de la composition de 
la bande de fréquences utilisée, l’effet de masque 
doit jouer, dans ce cas, au maximum. Cette possi- 
bilité expliquerait pourquoi les sujets sains, sauf 
exception, ont mieux répondu aux fréquences pures 
qu’au bruit complexe. Ils auraient été facilement 
assourdis par un léger bruit de fond, bruit que les 
sujets malades n’auraient pas percu ou auraient moins 
percgu en raison méme de leur surdité. 

Par ailleurs, en regard de la largeur de la bande 
complexe, le nombre des fréquences pures explorées 
a été forcément limité et, dans l’intervalle de celles- 
ci, il n’est pas exclus que d’autres fréquences pures 
non examinées aient eu un niveau meilleur. Cette 
remarque empéche de donner leur véritable signifi- 
cation aux cas dans lesquels le bruit complexe nous 
a paru mieux percu que le son pur. 

C’est pourquoi nous poursuivons notre expéri- 
mentation sur une bande de fréquences plus étroite, 
Le probleme, en effet, n’est pas dénué d’intérét, tant 
sur le plan médical, ot il est susceptible d’apporter 
une technique nouvelle d’examen, que sur le plan 
physique ot: son étude peut conduire, en particu- 
lier, 4 une définition stricte de l’intensité des bruits 
complexes a spectre continu, question restant a 
approfondir. 


APPAREILS DE PROTHESE 


AUDITIVE EN FRANCE 


par P, CHAVASSE et R. LEHMANN 


Centre National d’Etudes des Télécommunications, Paris 


Sommaire. Depuis la fin de la deuxiéme guerre mondiale, la construction des appareils de pro- 
thése auditive a fait, dans le monde, des progrés considérables; il était donc normal que le probléme 
de l’étalonnage de tels appareils se posat et que, afin d’éviter la vente des appareils de mauvaise qualité, 
soient normalisées.certaines catactéristiques physiques et mécaniques. En France, depuis Juin 1952, 
outre les dimensions des piles et des fiches, ont été définies avec précision: des clauses de résistance 
aux chocs, a la chaleur et a l’humidité; une clause relative a la limite inférieure du gain acoustique; 
une clause définissant la courbe de réponse des appareils; une clause relative a la distorsion harmonique. 
Le bruit de fond de l’appareil est également mesuré 4 titre indicatif. 


Zusammenfassung. Bei der Konstruktion von Hoérgeraten sind seit Kriegsende betrachtliche 
Fortschritte gemacht worden und man hat sich nun mit der Eichung und der Normierung gewisser 
charakteristischer Eigenschaften der Gerate zu befassen. AuSer fiir Batterien und Stecker wurden in 
Frankreich seit Juni 1952 genaue Definitionen geschaffen fiir Widerstandsfahigkeit gegen StoB, 
Warme und Feuchtigkeit, Mindestverstarkung, Bedingungen fiir die Frequenzkurve und die har- 
monischen Verzerrungen. Auch hinsichtlich des Rauschens wurden Messungen in dieser Richtung 


ausgefiihrt. 


Summary. Since 1945 considerable progress has been made in apparatus for hearing aids, which 
has brought with it the problem of standardising such equipment and avoiding the sale of inferior 
makes. In France since June 1952, beside dimensions of batteries and plugs, standards have been 
laid down concerning: resistance to vibration, heat and humidity; minimum gain; definition of response 
curve; harmonic distortion. The background threshold of an aid is also measured. 


A. Généralités 


Au cours de la derniére guerre, les pices détachées 
miniatures furent étudiées 4 des fins militaires. Il 


était donc normal, a la fin des hostilités, de chercher 
leurs applications vers la réalisation d’appareils civils 
des plus variés. C’est, en particulier, 4 partir de 1945 
qu’apparurent les premiers appareils de prothése a 


148 


amplification électronique; aussi, dés cette époque, 
commenga a se poser le probléme de la vérification 
et par suite de la normalisation des méthodes de 
mesures de ces appareils, ainsi que celui de la défini- 
tion des caractéristiques acoustiques 4 imposer a ce 
matériel pour la correction des déficiences auditives. 

L’objet du présent travail n’est pas de préciser 
les méthodes de mesures relatives 4 ces appareils, 
car des efforts dans ce sens ont déja été tentés a 
plusieurs reprises [1], [2], mais, au contraire, de 
définir les normes qui sont actuellement appliquées 
en France. 


B. Les bases techniques de la normalisation 
des appareils de prothése auditive 


Lorsqu’il s’agit de normaliser des appareils élec- 
troacoustiques, les deux premiers critéres auxquels 
on songe immédiatement sont la caractéristique de 
fréquence et la distorsion harmonique. Dans le cas 
des microphones, haut-parleurs ou amplificateurs 
destinés a des usages classiques, il n’y a pas de 
difficulté majeure 4 définir les divers paramétres 
habituels; par contre, dans le cas des appareils de 
prothése auditive, le probleme est beaucoup plus 
délicat, principalement en ce qui concerne la courbe 
de réponse, car il est jusqu’ici trés malaisé de définir, 
a priori, la correction la mieux adaptée a tel ou tel 
sourd et de définir la meilleure courbe convenant a 
la majorité des cas. Tous les spécialistes s’accordent 
pour admettre, actuellement, que les courbes audio- 
métriques habituelles ne suffisent pas 4 donner les 
éléments qui permettent de déterminer la courbe 
de réponse optima d’un appareil de prothése, et, 
comme d’autre part, les courbes d’égale sensation 
sonore ne sont pas paralléles entre elles chez un sujet 
normal, il n’y a aucune raison, a priori, pour qu’il 
n’en soit pas de méme chez un sujet sourd. Pour 
résoudre ce probléme, il faudrait disposer d’un sy- 
steme microphone—amplificateur—haut-parleur de 
haute qualité dont il serait possible, 4 volonté, de 
modifier la courbe de réponse, non pas en affaiblis- 
sant graduellement les basses ou les hautes fréquen- 
ces, mais en augmentant ou en diminuant stricte- 
ment le gain dans des bandes étroites, ayant par 
exemple une largeur de $ ou de 4 d’octave. Un 
tel appareil est actuellement a l’étude dans notre 
centre de recherches et, lorqu’il sera terminé, nous 
nous proposons d’entreprendre une telle étude en 
liaison avec des médecins spécialistes. 

Cependant, dés 1949, le Ministére de la Santé 
Publique, en France, s’inquiétait du grand nombre 
de types d’appareils vendus et chargea notre or- 
ganisme de préparer un projet de normalisation le 
plus rapidement possible. Il ne nous était pas pos- 
sible 4 cette époque, pour diverses raisons, d’entre- 
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prendre utilement une étude compléte sur ce sujet; 
aussi, convinmes-nous d’adopter comme base de 
départ pour notre travail les études anglaise [3] et 
américaine [4] que nous avons complétées par quel- 
ques essais personnels. 

De son cété, le comité britannique [3] a proposé 
la courbe représentée par la figure 1, qui est limitée 
aux fréquences 200 et 4000 Hz; cette courbe croissait 
de 10 dB par octave de 200 4 800 Hz, puis, a partir 
de cette limite, offrait deux possibilités: 


: 


— soit tracé horizontal (gain constant) de 800 a 


4000 Hz; 
— soit pente uniforme (gain croissant) de 5 dB 
par octave. 


Gain acoustique total 


6-10 


dB 
62005 


400 


800 
—> Fréquence 


1600 3200 4000 Ha 


Fig. 1. Caractéristiques proposées par le Comité Britannique. 
G est le gain acoustique maximum 4 la fréquence 
800 Hz; il doit étre supérieur 4 40 dB. 


Les tolérances admises pour des raisons pratiques 
étaient de l’ordre de + 5 dB de part et d’autre de 
ces deux courbes. Le gain acoustique, 4 800 Hz, 
devait étre au moins égal a 40 dB. Il était également 
recommandé que la pression de sortie soit propor- 
tionnelle a la pression sonore agissant sur le micro- 
phone de l’appareil jusqu’a des valeurs de la pression 
acoustique de 2 newton/m? produite par l’écouteur 
sur l’oreille artificielle; cet essai de linéarité devait 
étre exécuté a la fréquence 750 Hz. Une recomman- 
dation était également faite en ce qui concerne le 
bruit de fond propre de l’appareil. Enfin, des pré- 
cisions étaient fournies relativement 4 la diminution — 
du gain acoustique en fonction de la tension de la 
pile de chauffage: le gain ne devait pas varier de | 
plus de 6 dB lorsque la tension de la pile de chauffage © 
baissait de 1,5 volt 4 1 volt. Diverses recommanda- 
tions relatives aux piéces détachées et a la construc- 
tion des appareils étaient également formulées, re- 
commandations que la commission francaise n’a pas — 
accepté de prendre 4 son compte. . 

Le comité américain [4], de son cété, propose une 
courbe de réponse constante de 300 4 4000 Hz 
environ et recommande des coupures assez brusques 
au-dessous de 300 Hz et au-dessus de 4000 Hz. Il 
préconise également |’établissement de deux posi- 
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tions de tonalité, l’une correspondant A une crois- 
sance de la courbe de réponse de 4 4 5 dB par octave, 
autre 4 une croissance maximum de 9 dB par octave. 
La figure 2 précise la forme de ces diverses courbes. 
Ce comité recommande aussi la limitation des niveaux 


acoustiques produits par les appareils 4 4 pressions 


sonores différentes, selon le type de surdité: 114, 
120, 126 et 132 dB audessus de 2-10-> N/m?; il 
préconise la limitation du bruit de fond propre de 
l'appareil et considére qu’un gain acoustique de 80 
dB peut étre pris comme un maximum; par contre, 
la limite inférieure du gain est fixée 4 30 dB; enfin, 
le potentiométre de réglage du gain doit permettre 
des variations au moins égales 4 40 dB. 


G+10 
3 a 1 
= G 
as 
Ss 2 
356-10 
Ss 
{= 
S 3 
6-20 
dB 
200 400 800. 1600 326 4000H2 


—= Frequence 
Fig. 2. Caractéristiques proposées par le Comité Américain. 
G est le gain acoustique maximum; il doit toujours 
étre supérieur a 30 dB. 


Le comité francais attachait une grande impor- 
tance a ce qu’une normalisation soit faite le plus 
rapidement possible, afin que la Sécurité Sociale ne 
rembourse 4a l’assuré que les appareils homologués; 
aussi, il fut décidé d’exécuter, en France, sur les 
appareils existant, les mesures selon les méthodes 
que nous avions déja proposées [2] en utilisant 
Voreille artificielle qui avait été étudi¢e au Labora- 
toire d’Acoustique du C.N.E.T. et qui est repré- 
sentée sur la figure 3. 


- 819 + 


| 7 Feutre tassé 
Tube ® interieur: | —— cautchouc 


102 de mm 


Fig. 3. L’oreille artificielle du Département Acoustique du 
Centre National d’Etudes des Télécommunications; 
cotes en mm, 
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C. La normalisation des appareils de 
prothese en France 


En dehors des considérations d’ordre purement 
acoustique qui viennent d’étre rappelées, la com- 
mission technique chargée d’établir les normes rela- 
tives aux appareils de prothése, avait décidé de 
préciser: 

— des clauses relatives aux dimensions des fiches 
de branchement du cordon 4 l’appareil et a l’écou- 
teur; 

— des clauses relatives aux dimensions des piles; 

— des clauses de résistance mécanique du boitier 
et de l’appareil complet; 

— des clauses de résistance a la chaleur et a 
Vhumidité de l’appareil complet. 


7. Clauses acoustiques 


Il fut décidé que ces clauses ne s’appliqueraient, 
actuellement, qu’aux appareils 4 conduction aérienne, 
le probléme de l’étalonnage des vibrateurs 4 conduc- 
tion osseuse ne semblant pas, en effet; encore résolu 
de facon suffisamment précise malgré les derniers 
travaux, tant objectifs [5] que subjectifs [6], exécutés 
sur les aspects physiques et physiologiques qu’il 
présente. 

A) MAME DY ttycrat Orlane aunuuena-e Ontisit 1 
que): elle doit étre supérieure 4 44 dB 4a la fré- 
quence 1000 Hz. 

b) courbe de réponse: elle doit étre 
comprise a l’intérieur du parallélogramme hachuré 
défini par la figure 4, limité d’une part, par les 
deux ordonnées d’abscisses 250 et 4000 Hz, et, 
d’autre part, par deux droites tracées parallélement 
a une troisiéme droite prise comme courbe type et 
présentant une pente positive de 2,5 dB par octave; 
ces deux droites limites sont distantes de + et — 6 
dB de la courbe type. Cependant, entre 3500 et 4000 
Hz, la tolérance est portée de + 6 dB 4 + 10 dB. 


§ 

& 

5 

§ 

& 

3 

§ 

< 

Ss 
Cet See we | 
250. 500 1000 2000 35004000H2 


—— Freéquence 


Fig. 4. Caractéristique normalisée en France depuis le ler 
janvier 1953. G est le gain acoustique mesuré a la 
fréquence 1000 Hz; il doit étre supérieur 4 44 dB. 


c) distorsion harmonique: elle doit 
étre inférieure 4 10% a la fréquence 1000 Hz, pour 
le gain maximum de l’appareil et pour un niveau 
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4 l’émission de 50 dB au-dessus de 2- 10-> N/m?. 
Toutes ces mesures se font en champ acoustique 
libre, pour un niveau a l’émission de 50 dB au- 
dessus de 2-10-> N/m?, a l’aide de J’oreille arti- 
ficielle déja représentée sur la figure 3. 


2. Fiches de branchement 


Au cours de l’examen des appareils réguli¢rement 
construits, une vingtaine de modeéles différents 
avaient pu étre dénombrés, en ce qui concerne les 
fiches de connexion des cordons de l’appareil avec 


Angles et 
pointes 
émousses 


12%+ 002 
Fig. 5. Fiche du type 1 normalisée en France; cotes en mm. 


V’écouteur. Actuellement, deux modéles sont homo- 
logués, représentés par les figures 5 et 6, l’un de 
type américain courant, l’autre de type francais. 
De plus, ces fiches doivent étre symétriques, c’est- 
a-dire identiques du cété appareil et du cdté écou- 
teur. 


160° +002 
Fig. 6. Fiche du type 2 normalisée en France; cotes en mm. 


3, Clauses relatives aux piles 


Devant la multiplicité des modéles de piles qui 
étaient utilisées en 1949 et 1950, ont été homolo- 
guées, du point de vue dimensionnel, 6 modéles de 
piles haute tension (3 modéles miniatures et 3 
modéles subminiatures) et 2 modeéles de piles (ou 
accumulateurs) basse tension. Le tableau met en 
évidence les dimensions et les tolérances acceptées; 
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les cotes ne comportant aucune tolérance sont des 
valeurs maxima. 


Tableau 
Piles haute tension 
Tension Epaisseur Largeur § Hauteur 
V mm mm mm 
15 16 16 35 + 0,5 
26 16 37 + 0,5 
22,5 16 16 50 + 0,5 
26 16 50 + 0,5 
30 32 16 37 + 0,5 
26 16 63 + 0,5 
Piles et accumulateurs basse tension 
Tension Diamétre Hauteur 
Vv mm mm 
1,25 15 50 +0,5 
5 15 50 +0,5 
iS 215 6U5ia 05 


4, Clauses de résistance mécanique 


Ces clauses se divisent en deux catégories, l’une 
relative a des essais de résistance aux chocs, l’autre 
a des essais par ’’secousses’’. 

a) essai de chocs: cet essai consiste a faire 
tomber sur le boitier de l’appareil une bille de bois’ 
de 150 grammes, d’une hauteur de 5 cm, avec une 
vitesse initiale nulle. On fait exécuter a cette bille 
10 chutes successives en 10 points différents du 
boitier, qui ne doit présenter, aprés l’épreuve, aucun 
bris ni aucune cassure. 

b) essai de "secousses’: l'appareil, en 
ordre de marche, solidement fixé sur un support 
pesant 2 kg, subit durant 8 heures consécutives des 
chutes d’une hauteur de 2 cm 4a la cadence de 4 
par minute (soit prés de 2000 secousses). Aprés cet 
essai, l’appareil doit toujours satisfaire aux clauses 
acoustiques. 


5. Clauses de résistance a la chaleur et a l’humidité 


L’appareil complet, non muni de ses piles, est 
placé durant 8 heures dans une enceinte portée a 
une température de 30° + 2° ot l’atmosphére a un 
degré hygrométrique compris entre 80 et 90%. 
Aprés cet essai, l'appareil doit toujours satisfaire 
aux clauses acoustiques. 


D. Conclusions 


Les diverses clauses et spécifications dont l’origine 
technique et la nature ont été précisées dans le 
présent travail ont fait l’objet d’un arrété paru au 


Journal Officiel de la République Frangaise [7] en 


juin 1952 et qui est entré en application le ler 


ACUSTICA 
Vol. 4 (1954) 


janvier 1953; depuis cette date, une vingtaine d’ap- 
pareils de modeéles différents ont été présentés en 
vue de leur homologation. Sur ce nombre, une 
dizaine seulement a été agréée a titre définitif, et 
cing ou six a titre provisoire; l’agrément pouvant, 
d’ailleurs, toujours étre retiré aprés examen exécuté 
sur les séries de fabrication. 

Il est évident qu’une norme adoptée en une 
_matiére aussi complexe, qui fait heureusement habi- 
tuellement l’objet d’études systématiques, ne peut 
prétendre a étre parfaite. C’est le sort de toute 
norme que de susciter des critiques plus ou moins 
justifiées; du moins, elle a eu aussi le mérite d’amé- 
liorer dés maintenant la fabrication électrique et 
mécanique des appareils ainsi que l’a confirmé 
examen de systémes récents et d’encourager cer- 
tains industriels francais 4 entreprendre l'étude de 
nouveaux modéles. Son objet était d’éliminer le 
matériel de qualité nettement insuffisante; elle n’est 
ni immuable ni définitive et pourra, dans l’avenir, 
étre modifiée si l’expérimentation pratiquée ration- 
nellement en fait apparaitre la nécessité. Elle a, 
cependant, l’avantage positif d’exister et de pouvoir, 
ainsi, guider les constructeurs dans leurs réalisations. 
Ces derniers conservent naturellement toute liberté 
d’inclure, s’ils le désirent, dans leurs appareils 
plusieurs positions de tonalité ou plusieurs possibili- 
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tés de filtrage. Toutefois, une au moins des courbes 
de réponse doit correspondre a la clause acoustique 
imposée; de méme, le contrdle de volume auto- 
matique n’a pas été normalisé, les informations pré- 
cises 4 ce sujet ne semblant pas encore suffisantes 
pour qu’une spécification puisse étre formulée a cet 
égard. Ce travail sera l’objet de futures recherches 
au cour des années a venir. 
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THE NORMAL THRESHOLD OF HEARING 


AND OTHER ASPECTS OF STANDARDISATION IN AUDIOMETRY 


by R. S. Dapson 
National Physical Laboratory, Teddington, Great Britain 


Summary. The paper describes recent work at the National Physical Laboratory on audiometric 
standards, with particular reference to the determination of the normal threshold of hearing and 
developments in the calibration of bone-conduction receivers. The N.P.L. threshold measurements 
agree closely with the results of a later investigation by the Central Medical Establishment of the 
R.A.F. and are in fair agreement with those of S1viAN and WuitTe. The mechanical impedance of 
the human mastoid process has been measured, and the results applied to the design of an "’artificial 
mastoid’’ for the objective calibration of bone-conduction receivers. 


Sommaire. 


On indique dans cet article les travaux récents effectués au National Physical Labora- 


tory sur les étalons audiométriques, et, en particulier, sur la détermination du seuil normal d’audition 
et sur l’étalonnage des récepteurs par conduction osseuse. Les résultats des mesures du seuil faites 
au N.P.L. sont en excellent accord avec ceux d’une étude ultérieure entreprise par le Central Medical 
Establishment de la R.A.F., et cadrent bien avec ceux de SIvIAN et WuITz. On a mesuré l’impédance 
mécanique de la mastoide humaine, et les résultats obtenus ont servi 4 établir une ’’mastoide arti- 
ficielle’’ destinée a l’étalonnage objectif des récepteurs par conduction osseuse. 


Zusammenfassung. Es werden neuere im National Physical Laboratory durchgeftihrte Arbeiten 
iiber audiometrische Normen beschrieben, wobei besonders die Bestimmung der normalen Hérschwel- 
le und Entwicklungen auf dem Gebiet der Eichung von Knochenleitungshérern behandelt werden. 
Die Messungen der Hérschwelle im N.P.L. stimmen eng tiberein mit den Ergebnissen einer spateren 
Untersuchung des Central Medical Establishment der R.A.F. und sind ebenfalls in ziemlich guter 
Ubereinstimmung mit denen von S1vian und Wuite. Die mechanische Impedanz des menschlichen 
Schlafenbeinfortsatzes wurde gemessen und die Ergebnisse wurden fiir die Konstruktion eines 
,kiinstlichen Fortsatzes’’ fiir die objektive Eichung von Knochenleitungshérern verwendet, 
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1. Introduction 


The need for a standard reference zero for audio- 
metry, corresponding with the normal threshold of 
persons of unimpaired hearing, has been apparent 
for some time, and the problem has been recognised 
at a number of recent international conferences [1], 
[2], [3]. In Great Britain consideration of this 
problem received a strong impetus in 1939 when, 
at the instance of the Royal Society of Medicine, the 
British Standards Institution commenced work, 
which was interrupted by the war, on the preparation 
of performance standards for pure-tone audiometers. 
Further initiative was taken by the Medical Research 
Council, through the medium of its Electro-Acoustics 
Committee which was concerned with the improve- 
ment of audiometer standards concurrently with its 
work on the specification of the national hearing aid. 
At the instance of these bodies a programme of 
experimental work was undertaken at the National 
Physical Laboratory, in the course of which a thorough 
investigation was made of the threshold of hearing 
by earphone listening on a group of about 100 
otologically normal subjects in the age group 18 --- 25 
years in accordance with the recommendation of the 
Electro-Acoustics Committee [4]. It is the main 
object of this paper to summarise the present position 
of these investigations and to indicate the further 
steps towards the establishment of standards which 
are now being taken, or are envisaged. 


2. The normal threshold of hearing 


The first discussion of note on the threshold of 
hearing appeared in the classic paper by SIVIAN 
and WuitTeE [5] in which the authors reviewed the 
very conflicting data available in 1933, and produced 
a curve of threshold pressure in dependence on 
frequency which represented their assessment of 
these results. Since that time two surveys on large 
groups of subjects have been carried out in the 
U.S.A. which gave threshold levels of the order 10 
to 15 dB higher than SrvrAn and Wuite’s values [6]. 
To judge from the discussion of these surveys given 
by STEINBERG, MontGomeEry and GARDNER [7], [8] 
it does not appear that any definite conclusion can 
be drawn regarding the origin of these discrepancies. 

The investigation recently carried out at the 
National Physical Laboratory on a group of 100 
otologically normal subjects was shortly followed 
by work at the Central Medical Establishment of 
the Royal Air Force in which over 500 normal 
subjects in the same age group were examined. These 
investigations, which have been described in detail 
elsewhere [9], [10], gave very closely concordant 
results, the discrepancy at any one frequency being 
not greater than 1.5 dB, and the average discrepancy 


over the frequency range 250 --- 8000 c/s not greater 
than 0.5 dB. This is quite remarkable agreement, 
and in the view of the author provides strong evi- 
dence for the reliability and representative nature 
of the results. It is interesting to note that these 
measurements are in very fair agreement with the 
curve suggested in 1933 by SrviAN and WHITE, 
over the range of frequency (250 --- 8000 c/s) of most 
importance in audiometry, being within + 5 dB 
at the various frequencies in this range with an 
average discrepancy of the order of only 0.5 dB. 
They diverge from SiviAN and Wuite’s values in 
the direction of increased sensitivity, however, at 
the very low and very high frequencies. 

The combined results of the investigations at the 
National Physical Laboratory and at the Central 
Medical Establishment of the Royal Air Force, 
covering a total of over 1200 ears, are given in 
Fig. 1 and Table I. The values in Fig. 1 are the 
normal minimum audible pressures measured at the 
entrance to the external auditory meatus, and are 
shown in comparison with the results of the other 
investigations mentioned above. In Table I are given 
the equivalent threshold sound pressures set up by — 
an earphone of a particular pattern when coupled to 
an artificial ear of the type employed at the National 
Physical Laboratory and described in reference 10, 
The type of earphone in question is that which is 
now maintained at the National Physical Laboratory 
as a reference standard for the purpose of audio- 
meter calibration, but the corresponding figures for 
other patterns of earphone may easily be derived, 
e.g. by the process of equal-loudness balancing. 
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Fig. 1. N.P.L. and C.M.E. data for minimum audible pres- 
sure at entrance to external auditory meatus, com- 
pared with other data. 


The ’’equivalent” threshold pressures (Table I) 
are those set up in the artifical ear with the same 
voltage at the earphone as would produce the mini- 
mum audible pressure in human ears (Fig. 1). 

The combined N.P.L. and C.M.E. results given 
in Fig. 1 and Table I probably constitute the most 
coherent and representative data available at the 
present day. They are considered to be accurate to 
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Table I: Normal equivalent threshold sound pressures in 
artificial ear of N.P.L. type for 4026A pattern 
earphone corresponding to the results in Fig. 1. 


Normal equivalent threshold sound 
Frequency pressure in N.P.L. artifical ear for 
c/s 4026A pattern earphone (dB above 
1 dyne/cm? *) 
80 — 13.5 
125 — 29.5 
250 — 44.5 
500 — 62 
1000 — 68 
1500 — 665 
2000 — 65 
3000 — 68 
4000 — 65 
6000 — 65 
8000 — 65 
10000 — 58.5 


the order of 1 dB under the ‘stated conditions of 
test, and are the present basis of all audiometer 
calibration work carried out at the National Physical 
Laboratory. The values are under consideration with 
a view to their issue as a British standard, and the 
responsible British Committee has put them forward 
for consideration by the appropriate committee of 
the International Standards Organisation as the 
basis for an internationally agreed reference level. 
It is hoped that these steps will go some way to 
improve the overall accuracy and consistency of 
audiometric standards and measurements. 


3. Bone conduction 


We have so far considered only the standardisation 
of the level of airborne sound supplied by the ear- 
phone of an audiometer, but the measurement of 
bone-conducted sound presents problems of a simi- 
lar nature and on which very little evidence is so 
far available. The calibration of a bone-conduction 
receiver is in essentials quite parallel to the calibra- 
tion of an earphone, and thus as regards objective 
measurements on bone conduction receivers the first 
requirement is an ’’artificial mastoid’? which will 
present to the receiver the same mechanical impe- 
dance as the normal human mastoid process. Before 
such an instrument can be devised, measurements 
of the mechanical impedance of the human mastoid 
process are required. An investigation of the mechan- 
ical impedance of the mastoid processes of 20 


_ subjects has recently been carried out at the National 


Physical Laboratory, using patterns of bone conduc- 
tion receiver typical of those employed for audiome- 
ters and hearing aids. Some typical results of these 
measurements are shown in Figs. 2 and 3, which 
also indicate the form of equivalent network suitable 


* 1 dyne/cm? = 0.1 N/m’. 
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Fig. 2. Mechanical impedance R + jX of mastoid process 


to ’audiometer type’ stylus. Force of application 
1000 gram weight. 


for representation of the results over the frequency 
range 100 --- 8000 c/s. The effects of varying the 
force of application of the receiver and the area of 
contact with the mastoid process have also been 
studied. The full results of this work, which gives 
very comprehensive data on the mechanical impe- 
dance of the mastoid process, are in course of publi- 
cation, in which account is being taken of the few 
results available from other sources [11], [12], [13]. 
The results obtained are now being applied to the 
design and construction of an artificial mastoid for 
the objective calibration of bone conduction re- 
ceivers, which is now nearing completion. It is hoped 
that this work will lead to considerable improvement 
in a field of measurement in which data has up to 
the present been almost entirely lacking. 
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400 gram weight. 
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Discussion 


Ayers, E. W.: To avoid the chaos now existing due to pre- 
mature standardisation of artificial ears, let us first be sure 
of agreement on results of mastoid measurements and on 
their appropriateness. 

Lecturer: As a result of the N.P.L.’s work we already have 
far more information on the mastoid impedance than we 
ever had on the ear-canal impedance. The data show greater 
consistency and owing to the relative absence of wave 
motion effects the impedance curves are simpler in form. 
Whilst careful discussion of any proposed standards will 
be necessary there seems no reason for anxiety in this 
connection. 

Coox, R. K.: The average difference between the threshold 
pressures in the ear canal (as given in the Journal of 
Laryngology and Otology) for the U.S. Public Health 
Service data and the National Physical Laboratory data is 
about 15 dB. However, thanks to co-operation between 
the N.P.L. and the National Bureau of Standards, this 
difference was recently redetermined and was found to be 
slightly less than 10 dB. This now appears to be the best 
estimate of the difference; the threshold pressures in the 
ear-canal for the U.S. Public Health Service data of 1936 
are, on the average, 10 dB greater than those recently 
determined at the N.P.L. 

LectTurRER: One difficulty in interpreting the results of the 
U.S. Public Health Service Survey is that there seem to 
be two versions of the ear-canal pressures corresponding 
to the normal thresholds obtained in that investigation. The 
results shown in Fig. 1 of the paper were taken from the 
papers by STEINBERG, MoNTGOMERY and GARDNER cited, 
which as far as we knew were the only estimates of the 
actual ear-canal pressures published. As will be seen from 
Fig. 1 these results are higher than the British figures for 
substantially the same age group by amounts varying from 


10 to 25 dB (average 18 dB) over the range 250 to 8000 c/s. 
The intercomparison of earphone standards between 
N.P.L. and the National Bureau of Standards, mentioned 
by Dr. Cook, does not actually affect these particular dis- 
crepancies. The intercomparison reveals only the differences 
between the British results and the reference levels adopted 
at the N.B.S. As Dr. Cook says, the latter reference level 
differs from the British results by a little less than 10 dB 
on the average, so it seems that the N.B.S. reference level 
differs quite considerably from the results published by 
STEINBERG, MONTGOMERY and GARDNER, although both sets 
of data are attributed to the same survey. Dr. Coox’s 
statement helps to clarify this position, but it appears that 
care will still be necessary in discussion of the Public 
Health Survey investigation to avoid confusion resulting 
from these different interpretations of the results. 


Morton, J. Y.: A slide was shown giving the mean impedance 


of 13 normal mastoids which had been measured in 1950. 
The mean impedance could be represented by a simple 
series resonant circuit of 0.73 g mass,0.0075 =x 10-®cm/dyne 
compliance and 16 000 dyne/(cm/s) resistance over the fre- 
quency range 400 to 4000 c/s. This work had been carried 
out as a preliminary experiment to gain experience before 
measurements were made on deaf subjects who had been 
wearing bone conduction receivers, but unfortunately it 
had not been possible to continue the work until quite 
recently. Measurements on three subjects who had been 
wearing receivers for more than a year indicated that they 
may not form part of the same statistical population as 
normal subjects. Their compliances were of the order of 
half, and their resistances of the order of twice the mean 
of the normal subjects. Although the results for normal 
subjects would be suitable for an artificial mastoid for 
audiometer receivers for subjects who had not worn hearing 
aid receivers, it was possible that they could be improved 
upon for an artificial mastoid for hearing aid bone con- 
duction receivers. 


LECTURER: The reason why Mr. Morron’s results may be 


represented by a simple series resonant mechanical circuit 
is the comparatively limited frequency range involved. For 
accurate representation of the N.P.L. results, which cover 
the range 100 to 6000 c/s, a seven element network is 
necessary; this has the additional advantage of throwing 
far more light on the factors controlling the behaviour of 
the mechanical system. With regard to possible effects on 
the mastoid impedance due to wearing a bone conduction 
receiver, it seems doubtful whether tests on three subjects 
are sufficiently representative. Further complication seems 
likely, since the effect, when established, may well depend 
on the length of time the bone conductor has been worn 
and on other ’’user”’ factors. It seems doubtful whether it 
would be justifiable to make a serious attempt to take such 
factors into account in the design of an artificial mastoid, 
whether for hearing aids or for audiometers. It is in fact 
to be hoped: that, on account of the relatively smooth 
character of the curves relating mechanical impedance to 
frequency, the simulation of the mastoid impedance will 
not be unduly critical. 


, 
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UBER DIE OBERE GRENZFREQUENZ VON HORGERATEN 


. von W. GUTTNER und C. STARKE 
Siemens-Reiniger-Werke A.G., Erlangen 


Zusammenfassung. Um eine nattirliche Wiedergabe von Sprache mit den typischen individuellen 
Feinheiten zu erreichen, ist es das Ziel der Entwicklung hochwertiger Hérhilfen, das iibertragene 
Frequenzband zu erweitern. MaBgeblich fiir die Beurteilung ist die Frequenzabhangigkeit der akusti- 
schen Verstaérkung und des maximalen Ausgangspegels. Die meisten Geradte haben bisher eine obere 
Grenzfrequenz von etwa 2,5 kHz, die sich aus den benutzten Horern und Ohrpafstiicken ergibt. Es 
wird gezeigt, daB sich eine Erweiterung bis auf 4,6 kHz dadurch erreichen 1a8t, da8 man die Uber- 
tragungseigenschaften der bisherigen akustischen Bauelemente verbessert und zu offenen Ohrpa®- 
stiicken tibergeht. 


Summary. It is the object of the development of high-fidelity reproduction to widen the frequency 
band of reproduction. To this end the frequency response of the acoustic amplification and the maxi- 
mum output is important. In the past the upper limit was about 2.5 kc/s, limited by the microphones 
and earmoulds used but an extension to 4.6 kc/s is possible if one improves the acoustic units in previous 
constructions and adopts open earmoulds, 


Sommaire. Pour améliorer la qualité des appareils d’audition, on cherche a en élargir la bande 
de fréquence transmise. La courbe de fréquence de l’amplification acoustique et du niveau sonore 
maximum a la sortie est déterminante 4 cet égard. La plupart des appareils actuels ont une limite 
supérieure de fréquence d’environ 2,5 kHz qu’on peut étendre jusqu’a 4,6 kHz en améliorant les 
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caractéristiques de transmission et en utilisant des adaptateurs du type ouvert. 


Im allgemeinen soll der Zweck einer Hérhilfe 
sein, dem SchwerhGrigen die Sprache seiner Umwelt 
verstandlich zu machen, Fiir die Sprachiibertragung 
ist es erforderlich, den normalen Sprachpegel in einem 
bestimmten Frequenzband auf einen Pegel ange- 
nehmen Ho6rens zu verstarken. In der Fernsprech- 
technik kommt man mit einer oberen Frequenz- 
grenze von etwa 3,5 kHz aus. Dabei ist die Silben- 
verstandlichkeit ca. 90°% und ein fortlaufender Satz 
wird richtig und vollstandig gedeutet. Doch ist die 
Verstandlichkeit kein ausreichendes Kriterium fiir 
die optimale Ubertragungsqualitat. Fiir eine natiir- 
liche Wiedergabe von Sprache mit den typischen 
individuellen Feinheiten ist eine héhere Grenzfre- 
quenz erforderlich. Es mu8 deshalb das Ziel der 
Entwicklung hochwertiger Hoérhilfen sein, das tiber- 
tragene Frequenzband zu erweitern. 


1. Kriterien fiir die obere Frequenzgrenze 


Die wesentlichen Ubertragungseigenschaften einer 
HGrhilfe lassen sich durch Messung der Frequenz- 
abhangigkeit von akustischer Verstarkung und maxi- 
malem Ausgangspegel beurteilen. Die Verstarkung 
wird bei einem Eingangspegel von etwa 50 dB auf- 
genommen (der Verstarkungsregler des Horgerates 
ist so eingestellt, daB der lineare Teil der Aussteue- 
rungskennlinie im ganzen Ubertragungsbereich 
nicht iiberschritten wird). Sie setzt sich aus den 
Ubertragungseigenschaften von Mikrophon, Ver- 
starker und Horer zusammen. Die meistens benutz- 
ten elektromagnetischen Einsteckhérer haben eine 
Eigenfrequenz von 1 bis 2 kHz; oberhalb dieser 
Resonanz fallt, die UbertragungsgréBe ab. Die 
Kristallmikrophone werden bis zu einer Abstim- 


mung von 4 bis 5 kHz gebaut, wobei im allgemeinen 
der Anstieg bis zu ihrer Resonanzstelle zur Kompen- 
sation der Horereigenschaften fiir die Ubertragung 
des Gerates ausgeniitzt wird. Es resultiert dant ein 
Frequenzband, das etwa bis zur Eigenfrequenz des 
Mikrophons reicht. Die Frequenzabhangigkeit des 
Ausgangspegels hat dagegen bei der tiblichen An- 
passung des Horers an das Endrohr eine weitgehende 
Ahnlichkeit mit dem bei konstanter elektrischer 
Leistung erzeugten Hérerschalldruck. Das Endrohr 
und die UbertragungsgréBe des Horers bestimmen 
den erreichbaren Dynamikbereich der Horhilfe. 

Bei der Wechselrede zweier Personen rechnet man 
mit einem Sprachpegel von 50 bis 60 dB (Dynamik 
+ 15 dB) beil kHz und etwa 40 bis 50 dB (Dy- 
namik -+ 12 dB) bei 4 kHz. Dieser sollte von der 
Ho6rhilfe mit gleicher Dynamik tibertragen werden. 
Fallt aber der maximal erreichbare Ausgangspegel 
analog der Hérerkurve im oberen Frequenzgebiet 
stark ab, wahrend sich die Wiedergabekurve bei 
kleinerem Ausgangsschalldruck im gleichen Fre- 
quenzgebiet auf konstantem Verstarkungsniveau 
befindet, so ist dort der lineare Aussteuerbereich 
des Gerates so stark eingeengt, daB die Original- 
dynamik bereits beschnitten wird. Die obere Grenz- 
frequenz der Hérhilfe ist also nicht allein von der 
akustischen Verstarkung sondern auch von ihrem 
Dynamikbereich abhangig. 


2. Frequenzbandbegrenzung durch Ho6rer- 
ankoppelung an das Ohr 


Fiir die weitere Betrachtung wird vorausgesetzt, 
da8 Verstarkung und maximal erreichbarer Aus- 
gangspegel der Horhilfe fiir eine optimale Uber- 
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tragung im Gebiet oberhalb 1 kHz annahernd kon- 
stant sein sollen, eine Bedingung, die anhand von 
Verstandlichkeitsmessungen mit einer praktisch 


idealen Ubertragungsanlage [1] fiir die meisten’ 


Schwerhérigkeitsfalle als erstrebenswert ermittelt 
wurde. 
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Abb. 1. (a) Typ-2 Druckkammer [2] fiir herk6mmliche Ohr- 
paBstiicke (Ma8stab mm); 
(b) Modifizierte Typ-2 Druckkammer [3] fiir ,,offene”’ 
OhrpaBstticke. 


Die obere Grenzfrequenz eines Hérgerates kann 
auf Grund der Ubertragungseigenschaften der be- 
nutzten HG6rer beurteilt werden. Es ist tiblich, die 
HG6rermessungen an einem schallharten Ohr (Typ-2 
Druckkammer, Abb. la, [2]) vorzunehmen, da im 
Gegensatz zu sonstigen kiinstlichen Ohren hier die 
Ergebnisse reproduzierbar bleiben. Das 2 cm* Volu- 
men (18,6 mm @) entspricht einer mittleren Gehér- 
ganger6Be bei Abschlu8 mit einem Einsteckhérer, 
und der in der Druckkammer befindliche lange 
Kanal bildet die in den herkémmlichen OhrpaB- 
stiicken (Abb. 2a) benutzten Bohrungen nach. 


(a) (b) 


Abb. 2. (a) Herkémmliches OhrpaBstiick; 
(b) ,,Offenes’’ OhrpaBstiick. 


H6rer und Druckkammer stellen ein gekoppeltes 
Schwingungssystem dar, dessen mechanisches Er- 
satzbild in Abb. 3 gezeigt ist. Die Hérermembran 
ist durch Masse my, Steife sy, und Reibungswider- 
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stand rjy gegeben. Das vor der Membran befind- 
liche Hérervolumen Vy stellt im wesentlichen eine 
Steife sy dar, die Bohrung der Druckkammer ist 
durch eine Masse mp und einen Widerstand rp und 
das 2 cm® schallharte Druckkammervolumen Vp 
durch die Steife sp gegeben, solange alle linearen 
Dimensionen des Tonraumes klein zur Wellenlange 
sind, 
Wi ) 


1 ° 

— 5p 

Abb. 3. Mechanisches Ersatzbild des Systems Hérer und 
Druckkammer. 


Der mechanische Scheinwiderstand der Membran 
ist 


Wau = tu +j (omy — su/o), (1) 
der des Hérervolumens 
; Peete 
Wy = —jsvlo = —i oi Si (2) 
und der des angeschlossenen Druckkammersystems 
Wp = 1p + j (wmp — sp/w), (3) 
worin Sp analog zu (2), und 
PAB ee ha 
Diy ye) = RSV 2 Mee Saw (4) 


oL L y=—l\c2 
™DityR) (4 R? te ox R* V2 500 | Sia 6) 


einzusetzen sind, und S,, die effektiv strahlende 
Flache der Hérermembran, 0, c und mw Dichte, 
Schallgeschwindigkeit und Reibungskoeffizient der 
Luft und L und R Lange und Radius des Druck- 
kammerkanals sind. 

Der Schalldruck pp in der Druckkammer l4Bt sich 
bei einer erregenden Kraft Fy, der Membran er- 
rechnen: 


. pc Fy 

Po = — 3 = Sa 
V W 

CED Wa (1+ qy2) + Wo 


Sp ist die effektiv strahlende Flache des Druck- 
kammerkanals. 

Unter Vernachlassigung der Dampfungen berechnen 
sich zwei Eigenfrequenzen: 


4,9” (My + mp) — (Su + Sp) — 
1 
p= Sv (@,,22 mu — Sm) (4.2 Mp — Sp) = 9. (7) 


Fiir die obere Grenzfrequenz des zu iibertragen- 
den Bandes ist die Lage der Eigenfrequenz wm, maB- 
gebend. Dariiber fallt der Schalldruck mit w* ab, 
d.h. der im Schallweg liegende gekoppelte Tonraum 
(Wy und Wp) wirkt zusatzlich als TiefpaB und 


“driickt den oberhalb der Membranresonanz abfallen- 


den Schalldruck noch weiter herab. 


: 


——> Maximaler Ausgangspegel, dB ber 2-10 “yb 
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bb. 4. Horerschalldruck bei etwa konstanter 


Leistung von 1 mW im Nennwider- 
stand 50Q (Anschlu8 des Hérers an 
eine Spannungsquelle EMK = 1,12 V 
und R;= 2000, Anpassung etwa 
die gleiche wie am Ausgang der 
Horhilfe): 
(a) Membrandurchmesser ca. 18 mm; 
(b) dgl. mit angekoppeltem Helm- 
holtzresonator; 
(c) Membrandurchmesser ca. 15 mm; 
(d) Membrandurchmesser ca. 11 mm. 
Kurve 1: Typ-2 Druckkammer 
(Abb. 1a); ’ 
Kurve 2: Mod. Typ-2 Druck- 
kammer (Abb. 1b). 
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—— Ubertragungsmass 


— Frequenz, kHz 


‘bb. 6. UbertragungsmaB des Kristallmikro- 


phons. 


—> Frequenz, kHz 


Abb. 5. Akustische Verstarkung und maximaler Ausgangspegel einer Hoérhilfe 
mit den Horern der Abb. 4 Y b, c, d analog Abb. 4. 
Kurve 1: Verstarkung 
Kurve 3: max. Ausgangspegel 
Kurve 2: Verstarkung 
Kurve 4: max. Ausgangspegel { 
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——+ Relative Verstarkung, dB 


Typ-2 Druckkammer (Abb. 1a) 


\ Mod. Typ-2 Druckkammer (Abb. 1b). 


——> Frequenz;kHz 


Abb. 7. Akustische Verstarkung und max. Ausgangspegel einer Horhilfe mit 
Gegentaktendstufe und den Horern der Abb. 4c und d; 
c und d, Kurve 1 bis 4 analog Abb. 4 bzw. 5. 


——> Maximaler Ausgangspegel, dB iiber 2-10 ‘ub 
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Mit den iiblichen Horer- und Druckkammerab- 
messungen (Abb. la) ergibt die Rechnung fiir die 
obere Resonanzstelle einen Wert von 2,5 kHz. 


Durch Verkleinerung des vor der Membran liegenden 


Volumens Vy 1aBt sich dieser Wert noch erhdhen. 
Aus technischen Griinden kann jedoch eine be- 
stimmte GréBe von Vy nicht unterschritten werden. 
Beniitzt man dagegen ein ,,offenes’’ OhrpaBstiick 
(Abb. 2b), so laBt sich die zweite Resonanzstelle des 
gekoppelten Schwingungssystems durch Verklei- 
nerung der Masse mp heraufsetzen. Fiir die objektive 
Messung der Ubertragungseigenschaften mit einem 
solchen OhrpaBstiick ist eine modifizierte Typ-2 
Druckkammer (Abb. 1b) [3] festgelegt worden, 
bei der das Verbindungsrohr zwischen Horer 
und Druckkammervolumen entsprechend dem be- 
nutzten Ohrpafstiick gestaltet werden kann. 


3. Experimentelle Ergebnisse 


Wie aus Abschnitt 1 hervorgeht, wird die obere 
Grenzfrequenz einer Hérhilfe entscheidend durch 
die Frequenzabhangigkeit der UbertragungsgréBe 
des Hérers beeinfluBt. In Abb. 4 sind die Uber- 
tragungseigenschaften einiger Hérer zusammenge- 
stellt. Abb. 4a zeigt einen HGrer iiblicher Bauart. 
Die zwei Resonanzstellen des Hérer-Druckkammer- 
systems fiir das normale OhrpaBstiick liegen bei 1 
und 2,5 kHz (Kurve 1), wie auch die Rechnung er- 
gibt. Mit einer Abweichung von ca. + 5 dB ist die 
Ubertragungskurve bis etwas iiber 2,5 kHz konstant. 
Benutzt man fiir den Hoérer das ,,offene’’ Ohr- 
paBstiick — modifizierte Typ-2 Druckkammer —, so 
wird zwar die zweite Resonanzstelle auf 4 kHz 
hinaufgeschoben (Kurve 2), jedoch fallt zwischen 
2 und 3 kHz der Schalldruck wesentlich schneller 
ab als bei der ersten Messung. Anders liegen die 
Verhaltnisse bei dem Hérer der Abb. 4b. Hier 
wurde zusatzlich an die Hérermembran ein ge- 
dampfter Helmholtzresonator angekoppelt. Mit iib- 
lichem OhrpaBstiick reicht das Band bei + 5dB 
Toleranz bis 3 kHz (Kurve 1), mit ,,offenem’’ Ohr- 
paBstiick dagegen bis 4,6 kHz (Kurve 2). 

Eine Verkleinerung des Hérersystems und damit 
der Membran, die dadurch eine gréBere Steife und 
hdéhere Eigenresonanz erhalt, sollte eine Verbrei- 
terung des Frequenzbandes bewirken. Das ist jedoch 
nur bedingt der Fall. In Abb. 4c und d sind die 
Ubertragungseigenschaften kleinerer Hérer dar- 
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gestellt. In beiden Fallen liegt bei Benutzung des 
normalen OhrpaBstiickes die obere Grenzfrequenz 
bei 3,3 kHz. Bei Verwendung des ,,offenen’’ Ohr- 
paBstiickes ist zwar die zweite Resonanzstelle auf ca. 
6 kHz hinaufgeschoben, jedoch liegt bei dem Hérer 
der Abb. 4d wegen des Abfalls im oberen Gebiet 
die Grenzfrequenz bei 4 kHz, bei dem der Abb. 4c 
sogar schon bei etwa 3 kHz. AuBerdem ist der Ab- 
solutwert des Schalldruckes um 12 bis 14 dB 
niedriger als bei den Hérern iiblicher GréBe. 

In Abb. 5 sind Messungen an einer HoGrhilfe mit 
den Horern der Abb, 4 gezeigt. Das Ubertragungs- 
maB des Mikrophons ist in Abb. 6 wiedergegeben. 


~Die Verstarkungskurven wurden bei gleicher Stel- 


lung des Lautstarkereglers gemessen, die Kurven 
maximalen Ausgangspegels bei voller Verstarkung 
der H6rhilfe. 

Die Messungen bestatigen, daB der Hérer mit 
angekoppeltem Helmholtzresonator und ,,offenem” 
OhrpaBstiick die am besten ausgeglichene Verstar- 
kungskurve liefert (Abb. 5b), wie schon aus den 
Horerkurven hervorging. Die obere Grenzfrequenz 
liegt bei 4,5 kHz und unter Beriicksichtigung des 
maximalen Ausgangspegels kann die Hérhilfe bei 
Zugrundelegen des normalen Sprachpegels bis zu 
einer Verstarkung von 50 dB bei 1 kHz ohne 
Einengung der Dynamik betrieben werden. 

Bei der Benutzung der kleineren HGrer zeigen die 
Verstarkungskurven gréBere Resonanziiberhéhun- 
gen (Abb. 5c und d), und aus dem maximalen 
Ausgangspegel geht die geringe Aussteuerbarkeit 
hervor. Um den kleineren Wert der Ubertragungs- 
groBe dieses Hérers zu kompensieren, muB die Hér- 
hilfe mit einer leistungsfahigeren Endstufe versehen 
werden. Abb. 7c und d zeigt die analogen Kurven 
wie Abb. 5c und d nach Einbau einer Gegentakt- 
endstufe. Die Frequenzabhangigkeit von Verstar- 
kung und maximalem Ausgangspegel ist natiirlich 
die gleiche wie bei der einfachen Endstufe, der 
Absolutwert der Aussteuerungsgrenze liegt jetzt 
aber wie bei den Hérern normaler GréBe ebenfalls 
bei ca. 130 dB. 
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ARTIFICIAL EAR DESIGN CRITERIA 


by W. W. Lane *) 
Massachusetts Institute of Technology Cambridge, Mass., U.S.A. 


Summary. The performances of four earphone calibrators are evaluated by comparing the pres- 
sures inside the artificial ears with those developed by the same earphone inside 24 human ears. 
The problems associated with the design of an artificial ear are discussed. At the present state of 
knowledge concerning the physical properties of the human ear, the instrument of simplest design 
appears to be as usefull for calibration purposes as the more complicated devices, 


Sommaire. On a déterminé les caractéristiques de quatre appareils d’étalonnage d’écouteur en 
comparant les pressions produites dans des oreilles artificielles avec celles produites dans 24 oreilles 
humaines pour un méme écouteur. On analyse les problémes que pose la réalisation d’une oreille 
artificielle. Dans l’état actuel de nos connaissances des caractéristiques physiques de l’oreille humaine, 
l’appareil d’étalonnage le plus simple de conception semble étre aussi satisfaisant que des appareils 
plus compliqués. 


Zusammenfassung. Die Wirkungsweise von vier Kopfhérer-Eichgeraten wird untersucht, indem 
man den Schalldruck innerhalb des ktinstlichen Ohres mit dem von demselben Kopfhérer in 24 
menschlichen Ohren erzeugten vergleicht. Bei der Diskussion der mit der Konstruktion eines kiinst- 
lichen Ohres zusammenhangenden Probleme ergibt sich, daB bei dem gegenwartigen Stand unserer 


‘Kenntnisse tiber die physikalischen Eigenschaften des Ohres das Geradt mit dem einfachsten Aufbau 
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ebensogut fiir Eichzwecke verwendbar zu sein scheint wie die komplizierteren Konstruktionen, 


An artificial ear is an acoustic device designed to 
simulate the physical behaviour of the human ear by 
a network of massive, compliant, and resistive 
elements. It is used for calibrating earphones, the 
sound pressure developed by the earphone under 
test being measured with a microphone. If an 
“ideal” artificial ear and its associated electronic 
equipment were available, it would meet the follow- 
ing specifications: 

a. Its input impedance would be the same as that 
of the average human ear so that the sound pressures 
inside the device would be identical with those 
developed in the auditory canal of the average real 
ear, whether that pressure be generated by an ear- 
phone or by a remote source. 

b. Its response to transient and complex sounds 
over a wide range of pressure levels would be 
equivalent to that of the average human ear. 

c. It would have sufficient stability to produce 
repeatable calibrations under uniform conditions. 

Practical considerations such as cost and ease of 
manufacture, as well as acoustic instrumentation 
difficulties and the scarcity of information on the 
characteristics of the human ear, restrict modern 
artificial ears in their ability to meet these require- 
ments. Another device widely used for calibration 
purposes is the earphone coupler, a rigid-walled 
cavity with a microphone mounted at one end. It 
is not designed to simulate the physical properties 
of the human ear. 

In the past thirty years many different artificial 
ear and coupler designs have been proposed. A 
history of their development has been given by 


Barbucci [1]. Acousticians have expressed prefer- 
ences among these designs which run along national 
lines. Five different devices for measuring the 
response of an earphone resting against the pinna 
have been accepted as tentative standards in Great 
Britain, France, Italy, Switzerland and the United 
States. Replicas of four of these instruments were 
constructed, Unfortunately, information on the 
French artificial ear was not available at the time 
this study was undertaken. 

It was anticipated initialy that the designs could 
be compared by measuring their acoustic impe- 
dances, using the real ear as a reference. However, 
the input impedance of the average human ear as 
viewed from a telephone ear-cap is not readily 
determined. Large variations in this quantity have 
been reported in the literature [2], [3] and [4]. 
The input impedances of the four instruments were 
determined and all were found to lie within the 
reported range of values for the human ear. 

Although the acoustic impedance is the more 
fundamental quantity, the sound pressure at some 
point in a system is more easily measured. A more 
definitive comparison of the several artificial ear 
designs was obtained by measuring the sound pres- 
sure levels under the ear-cap, using the pressure 
developed at the entrance to the auditory canal of 
the real ear for reference. 

The measurements were made using two different 
earphones: a Western Electric model 711A which is 
a dynamic unit of superior frequency response, and 
a military type ANB-H-1 improved magnetophone. 
The constant power available and constant voltage 


*) Now at U.S. Naval Postgraduate School, Monterey, California. 
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responses of these earphones were measured on the 
four calibration devices and on 24 human ears. The 
laboratory techniques employed were essentially 
those recommended by the American Standards 
Association [5]. The results of the applied voltage 
measurements are presented in Fig. 1 and 2. 


Response 
dB re. 1 dyne/cm? per V 


ta. 


Gin Ope? 4°69? 2) 6 6 1% cK2 


——~ Frequency 


Fig. 1. Constant voltage response of Western Electric 711A 
earphone on four artificial ears and average human 
ear. Constant voltage to earphone 0.1 volt. 
sa ntdsponsounnseaeann a naePoe English artificial ear 

Italian artificial ear 

Swiss artificial ear 

— American 6 cm* earphone coupler 

Average of 24 human ears. 


Barpuccr [6] has posed six questions as being 
pertinent to the artificial ear design problem. The 
conclusions of this study will be presented as replies 
to these questions. 


D 
S 


Response 
dB re. 1 dyne/cm?per V 


écF ere x2 4 6 
——~ Frequency 


10*cls 2 


Fig. 2. Constant voltage response of Type ANB-H-1 earphon 
on four artificial ears and average human ear. Constant 
voltage to earphone 0.1 volt. 
actsceneenesnnnenesnsserenanene English artificial ear 

Italian artificial ear 

—+—+—.—-—---— Swiss artificial ear 

——-—~—~—— American 6 cm® earphone coupler 

Average of 24 human ears. 


1. Should the seal between the receiver under test 
and the artificial ear be perfect? 


The variations in low frequency response due to 
leakage between ear-cap and pinna depend primarily 
upon the pressure exerted to hold the earphone to 
the head and the shape of the listener’s outer ear. 
This leakage will be greater for hard bakelite earcaps 
than for soft rubber cushions because the greater 
elasticity of the latter provides a better seal. It 
appears that the seal should be perfect and that no 
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attempt should be made to simulate this leakage 
until more quantitative data become available con- 
cerning the magnitude of these losses. 


2. What volume and shape should the artificial ear 
have? 


The volume should approximate that enclosed by 
the ear-cap on the real ear so that the sound pressure 
levels developed in the calibrator will be of the same 
order of magnitude as those generated in the human 
ear. This volume is about 6 cm® for earphones which 
rest against the pinna. Unless an attempt is made to 
simulate the resonances of the human ear, the shape 
should be chosen so that the resonant effects are 
minimized. In the American 6 cm*® coupler, the 
influences of resonant modes are almost eliminated 
at frequencies below 6000 c/s. 


3. How should the earphone be attached to the 
artificial ear? 


So that the largest number of different types of 
earphones can be calibrated with the device. The 
attachment arrangement is most convenient in the 
British and Italian designs. The Swiss and American 
instruments do not have a projecting knife edge or 
a rubber gasket to simplify sealing the earphone 
to the device. Since the American design is so 
simple, an individual coupler can easily be con- 
structed to fit each type of earphone to be calibrated. 


4. What value of acoustic resistance, if any, should 
be provided ? 


Since the magnitudes of the damping elements 
associated with the auditory canal, pinna and 
tympanum of the average human ear are not ac- 
curately known, it is difficult to set up the specifi- 
cations for the resistive elements which would be 
required to simulate these losses. 


5. Should a probe tube be used? 


Unless an attempt is made to duplicate the shape 
of the ear canal and to locate resistive elements in 
the appropriate positions, it appears that little is 
to be gained by using a probe tube. 


6. What frequency range should be explored? 


For telephone requirements: 300 --- 4000 c/s. For 
special requirements: 50 --- 10 000 c/s. 


The design of an artificial ear involves quantities 
whose magnitudes are imperfectly known and phe- 
nomena that are incompletely understood. Until 
such time as more information on the human ear 
becomes available, the 6 cm® rigid walled coupler 
would appear to be as useful for earphone calibra- 
tion purposes as some of the more complicated 
devices, 
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CONTRIBUTION AU PROBLEME DE L’?OREILLE ARTIFICIELLE 


ber 1948, 


par A. LONCHEVAL 
Bell Telephone Manufacturing Company, Anvers 


Sommaire. On utilise actuellement des coupleurs servant d’oreilles artificielles de types trés divers 
et les résultats obtenus avec ces coupleurs présentent des écarts sensibles pour le méme récepteur. 
Par conséquent les résultats obtenus dans divers laboratoires ne sont en général pas comparables. 
Dans le but d’obtenir des caractéristiques de récepteurs téléphoniques auxquelles on puisse se fier et 
qui soient comparables, on a mis au point une oreille artificielle ayant les mémes caractéristiques 
que l’oreille humaine moyenne; tout d’abord l’impédance acoustique et la courbe de réponse aux 
diverses fréquences des oreilles humaines ont été déterminées. On montre pour terminer, que les ré- 
sultats des mesures de caractéristiques de récepteurs téléphoniques, effectuées sur cette nouvelle 
oreille artificielle et sur l’oreille humaine moyenne sont pratiquement les mémes. 


Zusammenfassung. Durch die Benutzung vieler verschiedener Typen von kiinstlichen Ohren 
in den verschiedenen Laboratorien ergeben sich im allgemeinen merkliche Abweichungen in den Re- 
sultaten fiir gleiche Hérer. Um verlaBliche MeBwerte fiir Kopfhoérer zu erhalten, hat man ein kiinst- 
liches Ohr konstruiert, das in seinen Eigenschaften den Durchschnittswerten des menschlichen Ohres 
angepaBt ist, wofiir die Impedanz und der Druckverlauf im Ohr bei verschiedenen Frequenzen be- 
stimmt wurden. Damit ergeben sich praktisch die gleichen Werte bei Messungen am kiinstlichen 
und am menschlichen Ohr. . 


Summary. With the variety of couplers used for artificial ears in practice, a wide difference in 
results is obtained with the same receiver which makes results of different laboratories not comparable. 
To obtain trustworthy response curves for telephone receivers an artificial ear having the same char- 
acteristics as the human ear has been constructed and the impedance and response curves of natural 


ears have been determined. These results agree with those of the new artificial ear. 


1. Introduction 


La méthode objective de mesure des caractéristi- 
ques aux diverses fréquences des récepteurs télé- 
phoniques au moyen d’une oreille artificielle a 
suscité un intérét croissant parce qu’elle permet de 
réaliser des progrés substantiels dans la communi- 
cation téléphonique. Il existe actuellement de nom- 
breuses oreilles artificielles qui ne possédent pas tou- 
tes les mémes caractéristiques et dont les caracté- 
ristiques sont différentes de celles de l’oreille hu- 
maine moyenne. A cause de ces différences: 

a) il n’est pas possible actuellement de comparer 
les caractéristiques de réponse obtenues avec les 
différentes oreilles artificielles existantes, utilisées 
sur un méme récepteur, puisque les caractéristiques 
de ces oreilles artificielles sont parfois trés diffé- 
rentes; 

b) les courbes de réponse obtenues avec un type 
d’oreille artificielle, utilisée sur des récepteurs de 
différents types, ne peuvent pas représenter la con- 
tribution exacte de cette partie du systéme téléphoni- 
que, si cette oreille artificielle ne posséde pas toutes 
les caractéristiques essentielles de l’oreille humaine 


moyenne. Il s’avére donc nécessaire de posséder une 
oreille artificielle qui reproduit assez fidélement 
toutes les caractéristiques physiques fondamentales 
de V’oreille humaine moyenne et du couplage avec 
les récepteurs. Aucune oreille artificielle réalisée 
jusqu’ici ne répond entiérement 4 ces exigences 
fondamentales; pour disposer de données suffisantes 
pour l’étude d’une oreille artificielle possédant les 
caractéristiques de l’oreille humaine moyenne, on 
doit connaitre l’impédance acoustique d’entrée et 
comme complément la courbe de réponse de I’oreille 
humaine moyenne. Ces caractéristiques ont été 
déterminées au moyen de mesures faites sur les 
oreilles humaines. Tout d’abord, on a mesuré 
l'impédance acoustique des oreilles réelles, en 
employant la méthode de réaction d’une charge 
acoustique sur la source de son. Cette méthode a été 
décrite par R. D. Fay et W. M. Hatt [1], [2] 
et est basée sur l’interréaction entre l’impédance 
électrique et la charge acoustique d’un transducteur 
électroacoustique; c’est en réalité une mesure de 
comparaison qui permet de déterminer une impé- 
dance acoustique inconnue en la comparant a une 
impédance acoustique connue et cela en mesurant 
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Vimpédance électrique d’entrée du systéme total 
(transducteur + charge acoustique). 

Des mesures ont été faites sur 20 oreilles humaines 
a des fréquences variant entre 500 et 3500 Hz; les 
valeurs de la résistance et de la réactance acoustique 
en fonction de la fréquence observées sur 20 oreilles 
avec un pavillon bien déterminé sont données par la 
courbe 2 de la Fig. 1. La caractéristique de réponse 


100 T 


Resistance 


Réactance 


5 10? 2 5 10H 
——= Freéquence 


Fig. 1. Impédance totale de l’oreille humaine moyenne (2) 
et de l’oreille artificielle (1). 


des oreilles humaines a ensuite été mesurée par l’in- 
termédiaire de deux sondes acoustiques; l’une est 
introduite jusqu’au tympan et y mesure la pression 
acoustique; l’autre est fixée a la sortie des trous du 
pavillon d’un récepteur quelconque appliqué a 
Voreille et permet d’y maintenir constante la pression 
acoustique. Les valeurs en décibel de la pression 
acoustique moyenne au tympan par rapport a la 
pression a la sortie des trous du pavillon, sont 
données par la courbe 2 de la Fig. 2. 


& 
a. 
o 


Pression au tympan 
Pression a l'entrée du canal 


a iF 2 CHA 7 ale 5 
——~ Fréquence 
Fig. 2. Courbe de réponse aux différentes fréquences de 
l’oreille humaine moyenne (2) et de l’oreille artifi- 
cielle (1). 


2. Forme fondamentale de l’oreille artificielle 


Celle-ci comportera deux cavités, le canal et le 
pavillon. Une seule cavité ne donnerait pas une im- 
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pédance d’entrée correcte aux hautes fréquences; en 
effet, aux hautes fréquences, les dimensions du canal 
et du pavillon ne sont plus négligeables vis 4 vis des 
longueurs d’onde; on aura donc un déphasage entre 
la pression a l’entrée et a la sortie du pavillon et du 
canal; par conséquent, il n’est plus possible comme 
aux basses fréquences de remplacer l’action du cous- 
sin d’air dans le pavillon et le canal par un simple 
’ stiffness”. On devra dans ce cas tenir compte des 
propriétés des quadripoles en considérant le canal 
et le pavillon comme deux quadripoles en série avec - 
leur impédance itérative [3]. 

On devra aussi tenir compte, dans la construction 
de l’oreille artificielle de l’absorption qui existe a 
l’intérieur de l’oreille, et de la fuite acoustique ou 
couplage imparfait entre l’oreille et le pavillon d’un 
récepteur téléphonique. 

Comme informations permettant le calcul de la 
forme de l’oreille artificielle, on dispose, 4 part des 
résultats fournis par les courbes 2 des Fig. 1 et 2, des 
caractéristiques de l’oreille réelle moyenne et de la 
courbe de réponse du canal des oreilles réelles, 
mesurée par WIENER et Ross [4]. 


3, Détermination du canal de l’oreille 
artificielle 


La courbe de WIENER et Ross donne la variation 
de la pression acoustique a l’intérieur du canal, en 
fonction de la fréquence (courbe 2 de la Fig. 3); la 
pression acoustique a l’entrée du canal est considérée 
comme constante. On peut considérer le tympan de 
Voreille humaine comme une impédance mécanique 
complexe dont la masse peut étre négligée devant 
la raideur. On peut trés bien admettre que pour les 
fréquences envisagées dans cette étude, la raideur 
du tympan est suffissamment grande pour que son 
impédance soit aussi trés grande par rapport 4 |’im- 
pédance itérative du canal et par conséquent le 
coefficient de réflexion du canal de J’oreille vaut 
environ |’unité. 


N 
2. 
oO 


Pression au tympan 
Pression a@ l'entrée du canal 
N 


BPs: mar a ee 5 


Fig. 3. Courbe de réponse aux différentes fréquences du 
canal de !’oreille humaine moyenne (2) (voir WIENER 
et Ross [4]) et de l’oreille artificielle (1). 


Si on assimile le canal de l’oreille 4 un tube ter- 
miné par une paroi rigide, celui-ci sera le siége 
d’ondes stationnaires. On peut donc choisir la pro- 
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fondeur du canal de fagon a ce que son impédance 
s’annule 4 une fréquence bien déterminée. La courbe 
de WIENER et Ross donne une résonance vers 3800 
Hz, ce qui correspond pour le tube choisi 4 une 
longueur de 23 mm. La réactance acoustique d’ 
entrée de ce tube est évidemment fonction de sa 
section; le diamétre normal moyen du canal des 
oreilles réelles est de 7 mm. On peut en conclure 
que la réactance acoustique du canal des oreilles 
réelles correspond a la réactance d’un canal de 
23 mm X 7 mm terminé par une paroi rigide. Un 
tube de 23 mm X 7 mm nécessite pour la mesure 
de la pression sonore, un microphone avec un dia- 
phragme de 7 mm, dont l’impédance n’est pas infinie. 
Il a été jugé plus pratique d’utiliser un microphone 
commercial assez répandu comme le type 640 AA- 
de la Western Electric. A cette fin on a calculé la 
réactance acoustique d’entrée d’un tube de 23 mm x 

x 7 mm ainsi que les modifications 4 apporter a 
ce tube pour y incorporer le microphone conden- 

sateur 640 AA. 


4, Détermination des dimensions du canal 


L’équation de l’impédance d’entrée d’un tuyau 
sonore ouvert 4 une extrémité et terminé par une 
impédance quelconque Z, est donnée par 


ec jtg (l/c) + 2S/ec 
S 1+ j (ZS/ec)tg (wl/c)" 

Si Z, est infini (paroi rigide), ce qui est a peu 
prés le cas pour l’oreille humaine, 


Z; = (1) 


, OC ol 
Zp = jms cot; (2) 
= 2% f = pulsation, 
densité de l’air, 
vitesse du son, 
section du tuyau, 


longueur du canal. 


a 


A partir de la formule (2), on a calculé la réactance 
d’entrée d’un tube de 23 mm X 7 mm; celle-ci 
correspond a la réactance d’entrée du canal de 
l’oreille humaine moyenne. Par l’adaptation d’un 
microphone condensateur 4 la sortie du canal de 
l’oreille artificielle, on abaisse considérablement sa 
réactance terminale ce qui correspondra pour le canal 
de l’oreille artificielle 4 un tube terminé par une 
réactance quelconque. 

On déterminera alors les dimensions du nouveau 
canal 4 partir de la formule (1) si l’on connait la 
réactance d’entrée du canal des oreilles et la ré- 
actance terminale que doit avoir le canal de I’oreille 
artificielle aprés adaptation du microphone conden- 
sateur: cette réactance d’entrée a été calculée et la 
réactance de sortie constituée par le diaphragme du 
microphone condensateur et l’espace d’air situé entre 
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ce diaphragme et la sortie du tube a été mesurée 
(Fig. 4). 
0 


& 
S 
S 


Canal de loreille artificielle 


Espace d° air 
Diaphragme 
du microphone — 
condensateur 


800 


Microphone 
condensateur 


640 AA 


Réactance acoustique 


0 1 Z 3 
——~ Freguence 
Fig. 4. Réactance acoustique terminale du canal de l’oreille 
artificielle. 


4kH2 


En identifiant l’équation (1) a la réactance du 
canal des oreilles réelles, 4 deux fréquences suffi- 
samment élevées, on en a finalement déduit un 
nouveau canal de 14 mm x 8 mm que I’on adapte 
pour le canal de l’oreille artificielle. 

Remarque. Cette identification doit étre 
faite 4 des fréquences assez élevées car a basse fré- 
quence, le canal peut étre remplacé par une simple 
capacitance acoustique et seul le volume de cette 
capacitance intervient pour donner une réactance 
d’entrée exacte; on pourrait alors trouver une in- 
finité de dimensions pour le canal pourvu que le 
volume de celui-ci conserve sa valeur. 


5, Réglage de l’absorption du canal 


Une étoffe de velours a l’intérieur du canal peut 
donner une absorption suffisante. Le diamétre du 
canal étant conservé, on régle la surface du velours 
de facon a obtenir le méme niveau que celui de la 
courbe de WIENER et Ross (Fig. 3, courbe 2). 


6. Détermination de la seconde cavité de 
l’oreille artificielle 


A partir de la connaissance de l’impédance du 
canal de l’oreille artificielle que l’on peut mainte- 
nant mesurer, il est possible de déterminer les di- 
mensions de la seconde cavité de l’oreille artificielle; 
cette cavité doit comprendre le volume d’air du 
pavillon de l’oreille réelle ainsi que l’espace d’air 
formé par la cavité extérieur du pavillon du micro- 
téléphone. On peut considérer la seconde cavité de 
Voreille comme un quadripole acoustique terminé 
par le quadripole du canal. On peut déterminer les 
dimensions de cette seconde cavité par la formule (1) 
que l’on identifie 4 l’impédance mesurée sur les 
oreilles humaines 4 deux fréquences de facon a isoler 
let S. Ceci donne une cavité de 9 mm de profondeur 
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et de 22 mm de diamétre. Pour des raisons pratiques, 
(adaptation de V’oreille artificielle au pavillon du 
microtéléphone), on donnera a cette cavité une 
forme un peu différente, tout en lui conservant 
cependant la méme hauteur (9 mm) et le méme 
diamétre moyen (22 mm) (Fig. 5). 


Cavite 
modifiee 


7 Canal 


Fig. 5. Les deux cavités de l’oreille artificielle. 


7. Réglage de l’absorption 


La résistance acoustique de l’oreille artificielle 
doit coincider avec celle des oreilles réelles. Celle-ci 
peut étre réglée au moyen de la courbe totale de 
réponse (Fig. 2). Une résistance acoustique réglable 
en série avec la seconde cavité sera suffisante pour 
obtenir l’effet demande. 


8. Détermination de la fuite de l’oreille 
artificielle 


Le couplage imparfait entre le microtéléphone et 
l’oreille humaine peut étre reproduit par une fuite 
acoustique située au milieu de la seconde cavité. 
Cette fuite est constituée par un simple trou dont les 
dimensions sont 4 déterminer d’aprés la valeur de 


"impédance de la fuite. En effet, le couplage im- 
parfait provoque une fuite de pression acoustique 
qui donne avec la capacité du volume total de 
Voreille artificielle une résonance a une fréquence 
bien déterminée et cela pour un méme type de mi- 
crotéléphone. De plus la résistance acoustique de 
cette fuite augmente trés fortement la résistance 
acoustique totale a la fréquence de résonance. L’ana- 
logie électrique est donnée par la Fig. 6. La fuite doit 
donc étre déterminée de facon a faire coincider aux 
basses fréquences l’impédance de l’oreille artificielle 
et celle des oreilles réelles, 


M 
ae ie 
_ acoustique 
Ra C 


Capacité 
de /oreille 


R 


Absorption 
de /oreille 


Fig. 6. Analogie électrique de l’oreille artificielle. 


9. L’oreille artificielle 


Elle comprend le microphone condensateur 640 AA 
et le coupleur composé des deux cavités: le canal 
dont les parois sont recouvertes de matiére absor- 
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bante et le pavillon avec son absorption série et sa 
fuite acoustique. La Fig. 7 en donne une représen- 
tation. 


Resistance 
acoustique 


fuite 
acoustique 


Canal 


| ! Absorption 
| | j du canal 
. | 


! : I Microphone 
eel +- Be condensateur 
640 AA 


Fig. 7. L’oreille artificielle compléte. 


10. Caractéristiques de réponse 


Les courbes de réponse aux différentes fréquences 
de l’oreille artificielle et de l’oreille humaine moyen- 
ne sont indiquées en Fig. 2; les courbes d’impédance 
sont montrées sur la Fig. 1. Ces courbes montrent 
clairement la concordance entre l’oreille artificielle 
et l’oreille humaine moyenne. 

Les courbes de réponse de deux types de récepteurs 
ont été mesurées sur les oreilles moyennes et au 
moyen de l’oreille artificielle: 


——> Freéquence 

Fig. 8. Courbe de réponse du récepteur téléphonique équalisé 
dans un microtéléphone de type déterminé mesurée 
a l’entrée de l’oreille artificielle (1) et de l’oreille 
humaine (2). 


0 1 2 3 4 
—> Fréquence 
Fig. 9. Courbe de réponse du récepteur téléphonique équalisé 
dans un microtéléphone de type déterminé mesurée 
avec l’oreille artificielle (1) et avec l’oreille humaine (2). 


Skee 
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a) a l’entrée de ces oreilles (Fig. 8) pour un ré- 
cepteur type équalisé; 

b) au tympan (Fig. 9 et 10) pour un récepteur 
type équalisé et non équalisé. 


50 


iN 
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S 


= % 
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—= dB re. tdyne/cm2 par mA 


S 
~ 


z 3 4 5 kHz 
——  Frequence 
Fig. 10. Courbe de réponse du récepteur télephonique ré- 
sonant dans une microtéléphone de type déterminé 
mesuré avec l’oreille artificielle (1) et avec l’oreille 
humaine (2). 


On peut de nouveau observer ici une correspon- 
dance trés convenable. 
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Discussion 


Morton, J. Y.: I think the impedance of the ear looking into 
the entrance of the ear canal cannot be represented by a 
tube terminated in a rigid wall at the position of the drum, 
with absorption at the walls of the tube, because the majority 
of the absorption comes from beyond the ear drum. (A slide 
was shown giving the mean impedance of 6 normal ears as 
seen from the tip of an insert ear-mould to justify this 
point.) The impedance from the ear drum inwards can be 
represented by three series acoustical elements, resistance, 
mass and compliance (see discussion on Mr, W. W. LAnc’s 
paper in Section IV for impedance values between 200 and 
4000 c/s). If the tube was terminated in elements simulating 
the ear drum impedance a probe tube microphone placed 
in front of these elements could be expected to give the 
sound pressure in front of a human ear drum; the condenser 
microphone, because of its impedance not being that of 
the ear drum, can not be expected to do this. Should not 
the resistance in the equivalent pinna cavity of the artificial 
ear be a bridging element such as an acoustical resistance 
tube in the side of the cavity and not a series element as it 
appeared to be, for it is there to represent the absorption 
at the walls of the pinna. 

CoONFERENCIER: II est exact que l’absorption du canal est située 
en grande partie au tympan de l’oreille réelle done en série 
avec cette cavité, mais dans la réalisation de l’oreille artifi- 
cielle, il est plus pratique de placer cette absorption sur 
les parois du canal, donc en paralléle avec cette cavité. 
Ceci peut se faire sans nuire au résultat final pour autant 
que l’absorption soit suffisante pour donner a la courbe 
de réponse du canal un niveau équivalent 4 celui donné 
par la courbe de WIENER et Ross, et pour rendre exacte 
Vimpédance d’entrée du canal. Il en est de méme pour 
la cavité du pavillon de l’oreille artificielle pour laquelle 
une résistance placée en série s’avére plus pratique. 


SPEZIELLE FRAGEN BEI DER SPRACHGEHORPRUFUNG 
UND HORHILFENANPASSUNG 


von F. J. MEISTER 
Medizinische Akademie, Diisseldorf 


Zusammenfassung. Beim Aufbau von Wortlisten fiir Gehdérpriifungszwecke benutzt man haupt- 
sachlich zwei Prinzipien, und zwar a) den Formalismus der gleichen statistischen Lauthaufigkeiten 
fiir Test- und Normalsprache und b) das Prinzip der lautanalytisch, d.h. spektroskopisch gleichen 
Wortgruppen. Diese Auswahlprinzipien werden diskutiert und einige neue Resultate fur die deutsche 
Sprache angegeben. 


Summary. Word-lists for hearing tests can be constructed in two principal ways: firstly, the 
formalism of equal statistic distribution of phonetic sounds in the words of the test and in normal 
speech, and secondly the principle of finding equal word-series by frequency-analysis and sorting 
the words. These principles are discussed and some new results are given for the German language. 


Sommaire. La constitution des listes de mots servant aux essais phonomeétriques se fait d’aprés les 
deux principes suivants: a) on cherche a obtenir dans l’essai pour chaque son ¢lémentaire la méme 
fréquence statistique que dans la parole courante; b) on cherche une méme composition spectrale des 
groupes de mots. On étudie ces deux principes et on donne quelques résultats nouveaux relatifs a 


la langue allemande. 


1. Allgemeine Gesichtspunkte fiir den Aufbau 
von Priiftesten (Wortauswahl) 


Eine exakte Sprachgehérpriifung und Hérhilfen- 
anpassung bedarf sorgfaltig aufgebauter Priifteste. 
Bei der Aufstellung von Testwortlisten geht man 


von zwei Grundsatzen aus: Die benutzte Sprache 
soll: 

a) in ihrer Zusammensetzung dem Durchschnitts- 
wortschatz des Priiflings angepaBt sein, d.h. die 
gleiche Lauthaufigkeit wie seine Sprache besitzen; 

b) in der Verteilung der Sprachlaute eine passende 
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Mannigfaltigkeit zeigen. Mit einer Erweiterung die- 
ses letzteren Gedankens auf Grund elektroakustischer 
Wortanalysen haben wir den Kern des eigentlichen 
Problems bei der Sprachgehérpriifung getroffen. 

Es 148t sich nicht ohne weiteres sagen, ob beide 
Auswahlgrundsatze zu kongruenten Ergebnissen 
fiihren. Sie sind grundsatzlich heterogener Natur 
und es bedarf sorgfaltiger Wortauswahl, um beide 
Prinzipien einigermaBen zu befriedigen. 

Die Wortauswahl nach Lauthiaufigkeiten ist zuerst 
von amerikanischen und franzésischen Autoren [1] 
benutzt worden. Man unterwirft bei diesem Aus- 
wahlschema die groBe Zahl der vorkommenden 
Sprachlaute einer Haufigkeitsbewertung. Nach dieser 
Bewertung wird dann das Testmaterial sortiert, d.h. 
die Haufigkeit, mit der ein Laut in der normalen 
Umgangssprache vorkommt, soll auch im Priiftest 
erhalten bleiben. Dieser Auswahlgesichtspunkt ist 
also rein lautstatistischer Natur. 

Eine speziell fiir Wortlisten der Sprachgehér- 
priifung durchgefiihrte Lautstatistik gab es in 
Deutschland nicht. Wohl hatte HetmutH MEIER 
[2] eine umfassende Lautzahlung und Haufigkeits- 
untersuchung (100000 Laute) der biihnenhoch- 
deutschen Sprache durchgefiihrt. Sie kénnte, wie 
das HaHLBROcK versucht hat, fiir die Sortierung 
zugrunde gelegt werden. 

Abb. 1 zeigt eine von uns fiir die Kurzworte ge- 
fundene geordnete Haufigkeit der Sprachlaute (dick 
ausgezogene Linie). Daneben wurden fiir die gleiche 
angenommene Lautbasis die Werte der Haufigkeiten 
der MerErschen Zahlung fiir 100 000 Laute einge- 
tragen. Bis auf die Laute d und n stimmen beide 
Lautreihen mit einer mittleren Streubreite von 0,9% 


12% 


& 


Haufigkeit 


y ” ma 


ertnlai gf mssdkbpdodag eSyw Oe MOUrm Baa Hi evpaqu 
—— Lautreihe 


Abb. 1. Relative Haufigkeiten der Sprachlaute in deutscher 

Umgangssprache und mit Priiftest. 

a) ein-zweisilbige Worte westdeutscher Aussprache 
(30 000 Laute, Aufnahmen des Akustischen La- 
boratoriums der Med. Akademie Diisseldorf). 

b) Vergleichswerte der Haufigkeitszahlung nach H. 
Meter (100000 Laute aus der hochdeutschen 
Biihnensprache). 

c) Hiaufigkeitsverteilung in einem auf isophone 
Komponenten aufgebauten Gehdrpriiftest. 

d) Haufigkeitsverteilung im verkiirzten Test (90 ein- 
silbige Worte). 
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iiberein. Im Satz und im langeren Wort kommen 
die Laute d und n offenbar wesentlich haufiger vor 
als im Kurzwort. 

Wir wollen nun eine solche Haufigkeitsreihe nur 
fiir die Vorwahl der gesamten in dem Priiftext auf- 
tretenden Laute benutzen. Der eigentliche Aufbau 
der Wortliste erfolgt mit Hilfe elektro-akustischer 
Analysiermittel. Hierdurch erst kann eine passende 
Mannigfaltigkeit der Wortfolge erzielt werden. Die 
Lauthaufigkeitsfolge erleidet jedoch dabei gewisse 
Verschiebungen. Die beiden Kurven c und d der 
Abb. 1 zeigen diese Veranderungen im Priiftext 
gegentiber der Normalsprache an. 

Schon bei den ersten Benutzern von Wortlisten 
fiir Gehérpriifung waren andere Gedanken hervor- 
getreten und besonders in der LAmpERTschen Wech- 
selreihe [3] recht eindrucksvoll durchgefiihrt wor- 
den. Einer dieser Gedanken war der, alle Teiltonge- 
biete der Sprache ,,méglichst gleichmaBig’’ zu er- 
fassen. 

Beim Aufbau von Gehérpriiftesten ist zweifellos 
die Erzielung einer ,,gleichmaBigen” Belastung der 
einzelnen Bereiche der Basilarmembran ein wesent- 
licherer Gesichtspunkt als die Erfiillung des Haufig- 
keitsprinzips. 

Daneben sind psychologische Auswahlgesichts- 
punkte oft nicht unerheblich. Das Wort soll ja fiir 
jeden Priifling dem Inhalte nach gleich gut ver- 
standlich sein. Die Benutzung gleich schlecht ver- 
standlicher Worte, z.B. sinnloser Silben, hat sich in 
Deutschland nur in der Fernsprechpriiftechnik be- 
wahrt. Fiir die audiologische Priifung werden Loga- 
tome in deutschen Hérpriifinstituten jedoch kaum 
benutzt. 


2. Die elektroakustische Auswahlmethode 


Die Forderung an die Wortliste nach einer be- 
stimmten maximalen Wechselbelastung des Ohres 
in den einzelnen Frequenzbereichen bedeutet eine 
Wortauswahl nach frequenzanalytischen Gesichts- 
punkten [4], also eine Auswahl mit Hilfe elektro- 
akustischer Siebmittel. Betrachtet man im Visible 
Speech-Bild [5] nur die Verteilung der Intensitats- 
maxima in Abhangigkeit von der Frequenz, aber 
unbekiimmert um ihre zeitliche Folge, so lassen sich 
bei einsilbigen Kurzworten, und nur diese sollen 
hier im Augenblick als Testworte betrachtet werden, 
vier Worttypen unterscheiden. 

In der Abb. 2 sind je zehn Worte jeder Type zu- 
sammengestellt. Jede Type zeigt also eine spezifische 
Frequenzkurve der Hauptintensitatskomponenten, 
trotzdem die Worte der einzelnen Gruppe durchaus 
nicht immer sprachlich oder klanglich als gleichartig 
gelten kénnen. Je nach Wahl einer solchen Gruppe 
wird das Ohr lings der Frequenzskala verschieden 
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stark belastet. Die Schalldruckunterschiede in den 
einzelnen Spektralbereichen betragen im Mittel etwa 
7 dB, beim einzelnen Wort der Gruppe jedoch bis 


zu 20 dB. 


1) Buch 
2) Dom 
3) grin 
4) Ulm 
5) Hieb 
6) Boot 


2) Bach 


3) Schwein: 


4) Tag 

5) Rock 
6) Tau 

7) Hans 
8) Frosch 
9) frei 
10) Baum 


1) Spiel 
2) spitz 
3) Fuchs 
4) Tisch 
5) Nuss 
6) Floss 
7) Quick 
&) Biss 
9) Kuss 
10) Hinz 


1) Scherz 
2) Reis 
3) Axt 
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(Verstandlichkeitsdiagramm). Wir haben zur Ge- 
winnung von Priiftexten fiir die Sprachaudiometrie 
bisher etwa 400 einsilbige, einfache deutsche Worte 
bei einer definierten Sprachlautstarke von 50 Phon 
auf diese Weise spektroskopisch geordnet und eine 
ganze Reihe solcher Sprachgehérpriifblatter im Laufe 
des letzten Jahres entwickelt. 
Sie 


1 1 ft L 1 1 1 1 1 i L 
5 a a aD a : 
Ni | Christ | Spiess | First Sen, Gips | Kraut | frisch | Elch 


“1 en 4 vw ee 
Kraft | Sturz | Wirf | Sohn | Beil Trost | Glick | Nuss | Strahl 


Scheck Kopf Berg Sale | Knicks Fass Sel Schock |Reis 


abs 


Sareea syed ees Beh re 
spitz | Rang | Jagd | Tisch | Mast | Vers | Hof | Rast | Stuck 


Fuchs | sis | Schall | Schnaos| Zol | Kler | Stall | Fell | Keri 


Erast Prerd Frosch Stier zart Ast fest Bau | Schorsch 


Pan aus hall (a 


Ton 


Zank Dock Nn 


4) Schott *-->-*- 
5) krass —--— 
6) Zeiss 
7) Schorsch ~~=-- 
A ie a 
UT RECS emer 
0 10) frisch --—- = 
150 300 600 1200 2400 4800 9600 He 


—— Frequenz 


Abb. 2. Die vier hauptsachlich vorkommenden spektralen 
Verteilungen im gesprochenen Wort. 


Wenn nur der Hérschaden, nicht aber die Wort- 
auswahl das Ergebnis der Horpriifung beeinflussen 
soll, muB jede Wortgruppe des Priiftestes so aufge- 
baut sein, daB alle Teiltongebiete gleichmaBig an- 
gesprochen werden, d.h. in jeder gleichlaut wieder- 
zugebenden Wortgruppe sind die vier Grundtypen 
der Abb. 2 entsprechend zu verteilen. Abb. 3 mag ein 
solches Verteilungsschema fiir einen Horpriiftest 
darstellen. Fiir jede der vertikalen gleichlauten 
Wortgruppen wechselt zwar im einzelnen Wort die 
Ohrbelastung betrachtlich, doch sind alle Spitzen- 
werte der ganzen Wortgruppe so geordnet, daB sie 
eine um etwa !/,-Oktave versetzte Folge gleichgroBer 
Belastungen bilden. Bei gréBerer Wortzahl je Gruppe 
kann die Folge auch noch dichter (z.B. {-Oktav- 
abstand) gemacht werden. Diese Folge der Maxima 
ist am Kopf jeder Gruppe angegeben. Die vertikalen 
Kolonnen sind also hinsichtlich der Ohrbelastung 
gleichwertig und kénnen untereinander ausgetauscht 
werden. Das ist besonders vorteilhaft fiir die Sprach- 
gehérpriifungen mit verschiedenen Lautstarken 


Schiff 


1 5 
Rips 


——> Frequenz in Hz 
Abb. 3, Gektirzte Liste eines Verstandlichkeitstestes fiir Ge- 
horprtifung mit den zugehdrigen Frequenzkurven 
der Hauptwortkomponenten (fiir jede vertikale Ko- 
lonne ist die Belastung der einzelnen Spektralbe- 
reiche konstant). 


Hangen solche Wortbilder der spektralen Haupt- 
komponenten nun stark von der Art des Sprechens 
ab? Die Frequenzkurven der Intensitatsmaxima 
andern sich im Gegensatz zum Visible Speech- 
Spektrogramm nicht stark, wenn der Sprecher die 
Aussprache unwesentlich verandert oder wenn man 
abwechselnd einen mannlichen oder weiblichen 
Sprecher mit nicht zu stark differierendem Grund- 
ton im Stimmklang nimmt. Abb. 4 mag die Anderung 
an den beiden Worten Ast und Maus illustrieren. Die 
Worte wurden mit vier verschiedenen nattirlichen 
Lautstarken gesprochen. Es zeigte sich, da die 
schwach vokalisch gefarbte Aussprache mit etwa 
40 --- 45 Phon Lautstarke die gréBten Unterschiede 
ergibt, und daB die normale Lautstarke von 50 Phon, 
bei der die Vokale schon deutlicher hervortreten, nur 
eine geringe spektrale Differenzierung der Maxima 
erzeugt. Selbstverstandlich beziehen sich diese An- 
gaben auf Sprecher mit einwandfreier Artikulation 
und klarer nicht zu hoher und nicht zu tiefer Stimme. 
Als Folgerung dieses Vergleiches darf man die Laut- 
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starke von 50 Phon als besonders geeignet fiir die 
Bandbesprechung fiir Hérpriifzwecke bezeichnen. 


Vier verschiedene Sprecher zwei weibliche -—-—- ---------- 
(28-48 Jahre) 


zwei manniiche 


——~ Frequenz in Hz 


Abb. 4. Einfluss verschiedener Sprecher und verschiedener 
Lautstarke auf das Spektrum der Hauptkomponenten 
zweier Worte. 


Es ware noch nachzutragen, in welcher Weise 
sich die Haufigkeitskurve der Sprachlaute bei kon- 
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sequenter Benutzung des spektroskopischen Ord- 
nungsprinzips verandert. Es zeigt sich, wie man - 
aus Abb. 1 erkennt, daB die stimmlosen Konso- 
nanten und Zischlaute, insbesondere die Laute s und 
sch, die zur Anhebung der hohen Frequenzen 
haufiger im Priiftest benutzt werden, nun aus der 
Rangreihe der Laute etwas herausfallen. 
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Diskussion 


Mrass, H.: Vom neurophysiologischen Standpunkt ware es 
zweckmaRiger, bei dem Siebverfahren zur Gewinnung 
einer gleichmafigen Belastung der Basilarmembran Mel- 
filter zu verwenden. 

VoRTRAGENDER: Die Verwendung einer Mel-Breite des Filters 
gegentiber der Oktavbreite diirfte fiir die Sprachanalyse, 
ahnlich wie bei den Geraduschanalysen, Bedeutung gewin- 
nen. Halboktavfilter sind u.U. noch giinstiger. Die Sprache 
zeigt eine gewisse Variationsbreite, wodurch die zweck- 
maRigste Bandbreite nicht so einfach feststellbar ist. Ich 
halte die Benutzung der Mel-Breite nicht fiir erforderlich. 


THE DESIRED PERFORMANCE OF HEARING AIDS 


by H. Mo. 
Netherlands P.T.T., The Hague 


Summary. The author draws attention to the fact that the success of the application of a 
hearing aid depends on the dynamic properties of the ear. The ossicle chain must be regarded as a 
regulating mechanism that is brain-controlled by means of the stapedial muscle. Special difficulties 
arise when the dynamic range of the basilar membrane itself is diminished. In principle a hearing 
aid with automatic gain control can never fully restore the impaired dynamic behaviour of the ear. 


Sommaire. L/’auteur attire l’attention sur le fait que l’efficacité d’un appareil de prothése auditive 
dépend des caractéristiques dynamiques de l’oreille. Il faut considérer la chaine des osselets comme un 
mécanisme régulateur qui est commandé par le cerveau au moyen du muscle stapédien. Il se présente 
des difficultés spéciales quand les qualités dynamiques de la membrane basilaire elle-méme sont 
diminuées. En principe, un appareil de prothése auditive, avec réglage automatique du gain, ne peut 
jamais corriger complétement un comportement dynamique défectueux de !’oreille. 


Zusammenfassung. Der Autor macht darauf aufmerksam, daB der Erfolg bei der Anwendung 
von HGrhilfen von den dynamischen Eigenschaften des Ohres abhangt. Die Reihe der Gehérknéchel- 
chen muB8 als Reguliermechanismus betrachtet werden, der mit Hilfe des Steigbiigelmuskels vom 


ACUSTIGA 
Vol. 4 (1954) 


SECTION IV: HEARING AIDS AND AUDIOMETERS, MOL 


169 


Gehirn beeinfluBt werden kann. Besondere Schwierigkeiten entstehen, wenn der Dynamikbereich 
der Basilarmembran selbst vermindert ist. Prinzipiell kann ein Hérgerat mit automatischer Ver- 
starkungsregelung niemals vollkommen die beeintrachtigten dynamischen Funktionen des Ohres 


wiederherstellen. 


It is impossible to discuss the desired performance 
of a hearing aid without referring to some properties 
of the ear. 

There are several reasons for which a hearing aid 
can never fully compensate deafness. The biggest 
difficulties arise when the basilar membrane is ab- 
normal. In that case the location of the hearing aid is 
fundamentally wrong: it provides amplification in 

the sound conducting system whereas the deficiency 
is in that part of the ear which transforms the 
mechanical vibrations into nerve impulses. 

It is often overlooked that the ear contains an 
automatic gain control in the ossicle chain, Strictly 
speaking one ossicle between the tympanic mem- 
brane and the oval window would be sufficient for 
matching purposes, as in birds. 

The dynamic range of the basilar membrane, 
however, is surprisingly small. The basilar mem- 
brane is already overloaded by excursions of the 
stapes some 30 dB above threshold. We have been 
able to establish this fact in numerous ears that 
were bereft of the middle ear mechanism, as is the 
case after the fenestration operation or radical 
mastoidectomy. 

The automatic gain control has a feedback 
character: the stapedial muscle can regulate the 
ratio of the ossicle chain by changing the axis of 
rotation of the stapes. The ratio of the ossicle chain 
is defined here as the relation between the volume 
displacement of the stapes and the excursion of the 
tympanic membrane, 

As shown in Fig. 1 there are two main axes of 
rotation of the stapes: one is parallel to the short 
axis of the footplate but goes through one of its poles. 
Rotation around this axis (a) is facilitated by the 
anatomic configuration. Because of the pedal-like 
movements of the footplate rotation around axis (a) 
is very efficient in displacing the fluid in the cochlea 
(Fig. 2a). 


a 


a’ =—&,, 


Fig. 1. The two main axes of rotation for the stapes. 


A second extreme mode of vibration is rotation 
around the long axis of the footplate (b). Because 
of symmetry there is a compensating current near 


the stapes: the displacement of the inner ear fluid 
1s rather ineffective. 


t 


Fig. 2. The axes of rotation of the stapes and the displace- 
ment of the cochlear fluid. 


By contraction the stapedial muscle favours 
rotation around axis (b) and resists rotation around 
(a). In other words: the ear becomes less sensitive. 
Now the feedback feature of the system is that the 
contraction of the stapedial muscle is derived from 
the nerve output because that muscle is brain con- 
trolled. 


Basilar 
membrane 


Ossicle 
chain 


Nerve 


Sound 
input 


Stapedial muscle 
Fig. 3. The ear as a feedback system. 


This regulating mechanism is rather slow and 
reacts to average values rather than to peak values. 
That is why in normal speech the basilar membrane 
must cope with the peaks that slip through the 
automatic gain control of the middle ear. 

Even people without a middle ear system have 
no difficulties with the peaks of amplified normal 
speech, In general people with deafness of the con- 
ductive type have no problems with hearing aids. 
As long as the basilar membrane is healthy there 
are no dynamic difficulties though the regulating 
mechanism may be far less efficient than in the 
normal ear. 

In many cases of perceptive deafness, however, 
the dynamic behaviour of the ear is severely impaired 
because the dynamic range of the basilar membrane 
has become very small. Patients with perceptive 
deafness are likely to have dynamic difficulties with 
a hearing aid. 

Apparently there are two main causes for a 
diminished dynamic range of the ear in deafness: 

a. the mechanical condition of the variable 
element, the ossicle chain is impaired by stiffness. 


170 


This results in a hearing loss and also in a diminished 
dynamic range; 
b. the basilar membrane has undergone patho- 


logical changes of a certain type, also resulting in a 


hearing loss and a diminished dynamic range. 

In the latter case the patient has troubles with a 
hearing aid whereas in the former case he has not. 

Strictly speaking a hearing aid with an automatic 
gain control can never fully compensate the de- 
creased dynamic range of the basilar membrane 
because the hearing aid is in front of the impaired 
regulating system whereas it should be in series with 
it. Automatic gain control in a hearing aid can, 
however, give the patient a more comfortable hearing. 
Still it remains a difficult problem to satisfy people 
with perceptive deafness by a hearing aid. 

In general the frequency curve of a hearing aid 
should have a smooth character. There should be 
no prominent peaks in the response. Even in modern 
telephone apparatus where one can reckon with 
normal ears the frequency curves are kept smooth 
in order to avoid a harsh reproduction. Especially 
the ears with perceptive deafness are sensitive to 
peaks in the frequency response. In particular peaks 
in the formant regions should be avoided. 

In my opinion, before fitting a hearing aid one 
must know if the basilar membrane is healthy or not. 

There are several methods for investigating the 
condition of the basilar membrane. In our opinion 
even the threshold audiogram for air and bone con- 
duction as determined by a reliable audiometer using 
a standardized technique is a suitable means. The 
fault is not with the audiogram but with the person 
who interprets the audiogram. In doubtful cases it is 
advisable to determine, in addition, the dynamic 
range of the ear in question. 
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The idea of fitting a hearing aid in the same way 
as fitting a pair of spectacles has at last been aban- 
doned, though not by all. Attempts to give selective 
amplification compensating the loss shown by the 
threshold audiogram have failed. There are several 
reasons for that. Primarily the behaviour of the ear 
at threshold levels may substantially differ from 
that at higher intensities. Secondly sharp frequency 
cut-offs of perceptive origin cannot be compensated 
by a complementary amplification in the mechanical 
system because of the transients that are introduced 
in that way. Thirdly, if certain parts of the basilar 
membrane have undergone pathological changes it 
is wise to leave them in peace and not to amplify 
these regions. Sometimes it proves even to be better 
to cut off these frequencies in the hearing aid. 

It is a matter of experience that a patient always 
needs less amplification than the threshold audio- 
gram suggests. One can expect this because in general 
his dynamic range is smaller than in normal hearing. 
In this respect the fenestrated ear is interesting. 
After the fenestration there usually remains a hearing 
loss of some 30 dB at threshold. Sounds of normal 
intensity, however, appear louder to the fenestrated 
ear than to the normal ear. 

If a patient has been deaf for a long time he cannot 
remember what was natural. He will prefer the 
hearing aid that amplifies only the frequencies he 
used to hear in his deafness. In general this will not 
be the aid that gives him the maximum articulation. 

In order to be able to control the smoothness of 
the frequency response of the hearing aid it is ne- 
cessary tom standardize the method of measurement. 
Of course one should choose the method that is best 
adapted to the normal way of using the hearing aid. 
In the authors’ opinion this is the free-field method. 


SECTION V 
ULTRASONIC ELECTRO-ACOUSTICS 


GENERAL REVIEW 


by G. BRADFIELD 
National Physical Laboratory, Teddington, England 


1. Introduction 


In reviewing electro-acoustics in the ultrasonic 
frequency range it will be found necessary also to 
consider certain aspects of launching and propaga- 
tion, for these subjects are closely linked with it. 

Examination of features of the frequency range 


TABLE I 


c/s 
Orthogonal ordering of C or N ‘ —|—10-1 
interstitial atoms in a-iron es mom _| 
Grain boundary relaxation in metals ae 1 
Earthquake waves 10 
10? 
Waves in gases audible to human ear — 103 
Grain boundary relaxation in Al at ca. 500 °C | _f--10* 
Grain refinement in metals/ 
Stones in concrete scatter 10° 
Cast iron scatters— | — 
Ultrasonic flaw detector frequencies — 10° 
, ‘ —r—1. 07 
Fine grain metals scatter 
108 
; j ; 10° 
Quartz excites waves in solids 
up to 3000 Mc/s (Soxorov [1]) 10” 
j—] 01 
gyi ; -—}—1032 
Thermal agitation frequencies _| 
(Depye [2]) "Hypersonic waves” | |_jo1s 


of mechanical waves in Table I reveals at the low 
frequency end very slow processes such as the 
orthogonal ordering of solute atoms and, at the 
other end, frequencies of the order of 1013 c/s where 
mechanical waves begin to merge indistinguishably 
into electro-magnetic waves. At these frequencies, 
though the term ultrasonic is well-justified, the 
waves concerned are more often termed hypersonic 
or thermal agitation waves. While they can be 
employed, through the medium of X-ray wave dif- 
fusion, to measure the elastic constants of solids, 
this use is not strictly electro-acoustical and the 
highest frequency to which this term so far seems 
applicable is 3000 Mc/s up to which, according to 
SoKoLov [1], quartz can function satisfactorily as an 
electro-mechanical transducer. 

It will be noted that the frequency range depicted 
from sub-audible to hypersonic embraces 12 decades, 
of which the audible range constitutes rather over 3 
decades, and the ultrasonic 5 decades or more. From 
the electro-acoustic point of view the distinction 
between these two parts is artificial. However, it 
will be obvious that the range of even 5 decades 
makes it difficult to cover the subject in a brief 
review, for what is true for one part may not apply 
to another. This short review therefore will inevit- 
ably omit much which may well be termed note- 
worthy, for it will be necessary to survey the field 
very broadly. Publications by Mason [3], [4] (1948 
and 1950) and by Bercmann [5] (1949) form 
valuable sources of information on the subject up 
to about 1949, 
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2. Classification of transducers The transducers which are here termed surface 
action transducers, have been used for many years, 
It is of assistance to classify electro-mechanical but new techniques have enabled the electrostatic, 
transducers as in Table II. The separation into the inductor, and perhaps the moving ’’iron”’ in the 
reversible and irreversible categories is accompanied form of ferrites to function even into the 100 kc/s 
by the distinction that the principle of reciprocity region and above. 
[6], [7] is applicable to the former, but not to the In the study of ultrasonics, however, megacycle 
latter. Of these, the spark [8] is noteworthy because frequencies are important, and here surface action 
its frequency spectrum is fairly uniform and extends transducers deteriorate in performance and leave 
into the region of megacycles per second. The the field to transducers of the internal strain type, 
methods in this category are merely electrical more particularly known as ’’piezoelectric’’ and 
methods of measuring heat and are marginal for piezomagnetic” (this term seems preferable to 
inclusion as electro-acoustic transducers. The last ’’magnetostrictive’) where every atomic group of 
item, frequency modulation, refers to the use of the material can be stressed almost with the speed 
mechanical vibratory motion to alter the capacity of light by the application of either electric or 
of an electrical condenser governing the frequency magnetic fields. 
[9] of an oscillator, a method employable with ad- Looking back some twenty years, quartz undis- 
vantage up to frequencies of megacycles per second. putedly held chief place as a transducer of this type, 


TABLE II 
CLASSIFICATION OF ULTRASONIC ELECTRO-ACOUSTIC 
a ante 
Irreversible transducers Reversible transducers 
Spark (transmitter) 
Hot wire (detector) 
Thermo-couple 
(detector) Surface action transducers Internal strain transducers 
Thermistor Electrostatic, condenser 
(detector) Moving iron (& 
Carbon microphone mov. ferrite) 
(detector of Moving coil Piezoelectric Piezomagnetic 
modulated Inductor 
U.S. Waves) 
Frequency modulation | 
(detector) Single Polycrystalline Single Polycrystalline 
crystal (sometimes termed crystal *) (sometimes termed 
electrostrictive) (ferrites) magnetostrictive) 
Ferrites Metals 
(ferrospinels, (nickel, 
*) Metallic single crystals are omitted because of their conductivity. ferroxcubes) permendur) 
Directivity classification Band width classification 
(Continuous wave - Pulse classification) 
Narrow band Wide band 
Lump tuned Line (heavily damped) 
Non-directional Irrotational Rotational Line (lightly Long” (or continuous) 
Hydrostatic Shear : damped) 
(triaxial) Torsional 
: 
Directional Directional : 
manometers and particle velocity i 


accelerometers measuring devices 
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and there still exist certain special applications such 
as the quartz clock [10] and Loran [11], for oscil- 
lators of extremely good frequency stability — of 
the order of 1 in 10° — where quartz is unrivalled, 
and for normal frequency stabilisation purposes — 
of the order of 1 in 10° — it still holds the field. Yet 
it is encountering formidable rivals, for example, 
in ethylene diamine tartrate for electro-mechanical 
filters (see also [26]) and in barium titanate [26] for 
the generation of medium and high intensities of 
ultrasonic waves. Furthermore, materials such as 
rochelle salt, ammonium dihydrogen tartrate and 
again barium titanate can be shaped to perform 
functions for which quartz is unsuitable. There 
exists also the alternative of magnetostrictive mate- 
rials which have been widely used for echo-sounding 
and low frequency work, and here nickel is giving 
place to permendur (49% Co, 49°% Fe, 2° Va) though 
the position of both is threatened by barium titanate. 
Ferrites must also be discussed, for these show great 
promise, for instance, as electro-mechanical filter 
elements [12]. 

Table II in its lower part contains a division of 
transducers in terms of their directivity, a classifi- 
cation which becomes more complex in the ultra- 
sonic field, for, in contrast to the usual situation in 
the audible range, the tangential motion of surfaces 
is often of consequence. Directional manometers and 
accelerometers are available, while, for particle 
velocity measurement, thin threads can be applied 
to surfaces and can permit resolution of the normal 
and tangential components. By the use of several 
such devices shear and torsional distortion can be 
investigated, a connection shown dotted in Table II. 


3. New polycrystalline transducer materials 


The increasing importance of polycrystalline 
transducer materials is noteworthy. These materials 
are, in the piezoelectric field, barium titanate and 
its derivatives, and in the piezomagnetic field, ferrites 
e.g. double oxides of the aBO - byO Fe,O, type often 
called ferroxcubes and ferrospinels, B and y being 
certain divalent metals. A typical composition is 
(90% NiO, 10% ZnO) Fe, O, [13]. As will be 
evident from this brief survey, they may be said 
to be producing a revolution in the field of electro- 
acoustics, at least so far as ultrasonic frequencies 
are concerned, and it is worth while to consider why 
this is so and what advantage can be taken of the 
new situation. Both of these are ceramic materials 
made by similar high temperature (circa 1250 °C) 
firing processes; they are hard, non-conducting, 
brittle, substantially nonhygroscopic and can be 
provided with conducting surfaces, strongly bonded 
where necessary by additional high temperature 
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firing processes. The raw materials used are cheap 
and plentiful, and the mode of manufacture can 
provide even complex shapes quite cheaply where 
large-scale manufacture is involved. The second 
feature to be noted is that these materials have to be 
polarised before they have any appreciable electro- 
mechanical coupling. This polarisation process may 
or may not be durable. In the case of certain barium- 
titanate modifications containing lead titanate the 
coercive force [14] is very high, and certainly for 
such compositions there is no need to provide con- 
tinuous polarisation by external means. They can 
even be cut and ground without destroying the 
polarisation. Even without the lead, barium titanates 
with normal usage show little deterioration in per- 
formance after the first few days following polarisa- 
tion. In the case of the ferrites it is generally, though 
not invariably, advantageous to provide means to 
maintain this polarisation. The polarisation process 
aligns adjacent regions or domains normally random 
in their directions of polarisation and vow HIpPEL 
[15] has described in a very elegant way the mecha- 
nisms of the domain wall movements. The incre- 
mental permittivity and permeability respectively 
are governed by the ability of local regions to change 
polarisation quickly and reversible, and for both 
classes of material the behaviour up to about 10? c/s 
with frequency of alternation of the field is rather 
similar, as has been shown in Fig. 1 taken from the 


work of von Hippex [16]. 
32 T 1600 
&'(Ba Ti 03) 
1200 


b'( Ferrite) 


€ , 
16 800 
a (Jron) approx. | 
é aaa 400 
0 0 
100! 00? A ORI 4089 708 cle 
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Fig. 1, The incremental permittivity and permeability as a 
function of frequency. 


The properties resulting from these polarisation 
processes are so similar in the two classes of materials, 
e.g. titanates and ferrites, that the electro-mechanical 
coefficients conform to identical matrices as shown 
below: 


0 0 0 0) Zi5 0 
0 0 0 215 0 0 
231 231 233 0 0 0 


These, it will be observed, correspond to the 
crystalline class of dihexagonal pyramidal sym- 
metry. It is also to be observed that these constants 
vary quite widely with composition, the grain size 
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of constituents, firing temperature and atmosphere, 
rate of cooling and, of course, with the polarisation 
process used; the latter, for instance, in barium 


titanate varies from 10 to 160 kV/cm (1 to 16 


MV/m). Broadly speaking, the relative values of 
the three electro-mechanical constants do not vary 
very much, although these ratios will change when 
composition is altered appreciably [17]. 


4, Forms taken by transducers of new 
polycrystalline materials 


This similarity of fundamental properties, em- 
bracing as it does both the extensional and rotational 
properties, is broadly mirrored in the physical forms 
which these materials assume for various applica- 
tions, but inevitably the desirability of providing a 
means of continuous polarisation on the ferrite 
materials leads to some variations in form which 
will be illustrated later, Fig. 2 shows some of the 
numerous forms which barium titanate can take. 
Its appreciable hydrostatic piezoelectric coefficient 
has led to the development of many forms of micro- 
phones. Their great value lies in their robustness 
and high capacity, for the permittivity of this mate- 
rial is over 1000. In comparing such microphones 
made of various materials with one made from the 
best material in this class, lithium sulphate, cor- 
rections have to be made for circuit stray capacities 
and the effect of the impedance level of the device 
on choice of resistive loads, and consequently on 
the thermal noise. Making these corrections in a 
typical case (6 mm cube), the comparison, relative 
to lithium sulphate (0 dB), is: barium titanate — 7 
dB, tourmaline — 16 dB, ethylene diamine tartrate 
— 5 dB. 

From Fig. 2 well-known forms have been omitted, 
such as the thickness resonator, which often takes 
the form of a disc; the variant of the form originally 
described by GrUTZMACHER in which, by curving 
the transducer, focussing of the radiated energy is 
accomplished; the tubular transducer which can 
radiate energy in lengthwise, radial or thickness 
vibration. A cheap and satisfactory alternative to the 
GRUTZMACHER type is illustrated in Fig. 2C, where 
a toroidally shaped disc resonator has its energy 
concentrated back through the hole in its centre 
by means of a mirror. 

One group of transducers depends upon the shear 
distortion produced by crossed fields. Some years 
ago Mason described [18] the prototype shown at 
Fig. 2F. The rectangular block was originally sil- 
vered over the faces abcd, and efgh, before the 
electrodes shown were applied. After polarising 
strongly between these original electrodes, they were 
dissolved off and replaced as shown, with the result 
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Fig. 2. Forms taken by barium titanate transducers. 
A. "’Hydrostatic’’ pressure type, silvering at a and b. 
Polarised from a to b. 

B. Torsional type. Hollow cylinder having strip elec- 
trodes b, c etc. on inner and outer surfaces. 
Polarised sequentially on silverings of consecutive 
holes a. Shear produced, for example, by cross 
field b to c. 

C. Toroidal type, silvering on both sides, used with 
concave mirror a. 

D. Torsional type. a --- f are electrodes on the outside 
of the tube. Polarised from c to d and from f to e. 
Torsional shear produced by cross field from 
a to b. 

E. Delay line. a---d are electrode rings on the 
outside of the tube, the inner surface of which 
is silvered. After polarisation a: d to inner, a — 
pulse is applied from a to inner and a delayed 
voltage pulse can be picked up on either b, c, or 
d to inner. 

Shear type (see text). 

. Ventilated high intensity type. 

. Bender of flattened tube type [22]. Polarised a 
and c to inner silvering b. 

I. Bilamellar transducer, distorts to dotted form on 
excitation. 

J. Twister transducer (see text). 

K. Directional accelerometer. Bender element a is 
clamped in rigid housing and responds only to 
motion in direction x,—x,. 

L. Simple accelerometer (for screwing to body). 


mm 


that shear in the abfe plane can occur if subsequent 
polarisation be applied. The resonator shown at 
2D [19] illustrates one method of producing these 
crossed fields and a rather similar principle is 
illustrated at B [20] where, in effect, the inner sur- 
face of the barium titanate tube rotates on energisa- 
tion with respect to the outer surface, after the tube 
has been polarised circumferentially using the 
metallising in the holes; if applied after polarising, 
the inner and outer coatings can be continuous. 
Torsional distortion can be achieved in a rather 
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different way as shown in Fig. 2J [21]. This is 
based on a simple tubular type of bender’ as at 
Fig. 2H [22], a web being provided between two 
such flattened tube elements. It is obvious that, if 
opposite curvatures are produced by cross-con- 
necting the silverings after electrical polarisation, a 
twist in the assembly results. Such a device has also 
interesting possibilities for delay line applications. 

The bi-lamellar structure illustrated for example 
at 2I, has the important difference from similar 
structures of the A.D.P. and rochelle salt type, that 
polarisation of the assembly produces curvatures of 
the same sign in orthogonal directions as shown, It 
will be clear that microphones and transmitters can 
be constructed in this way. The application to other 
types of simple bi-lamellar devices, for instance, 
those used in the directional accelerometer at 2K 
(of the type developed at Géttingen by OBERsT and 
his co-workers [23]) and gramophone ’’pick-ups’’ 
[24] is obvious. A simpler type of accelerometer 
is shown at 2L. One other point to be emphasized 
in connection with Fig. 2 concerns the high internal 
friction of barium titanate. The mechanical Q, which 
ScumipT [25] quotes at 350, is, in our experience at 
N.P.L., often markedly lower in value and this 
leads to quite appreciable internal heating in a high 
intensity transducer. One way of avoiding over- 
heating is, of course, a ventilated construction such 
as that shown in Fig. 2G, but it is clear that the 
overall efficiency can be greater for single frequency 
operation if the electro-mechanical coupling factor 
of the material is reduced, for this inevitably reduces 
the internal friction [26]. 


25m Silver foil 
for top contact 


Barium titanate 
ground to shape and 
cemented to neighbouring 
pieces 


Fig. 3. Large composite barium titanate transducer for echo 
technique at 100 kc/s. 


0.05mm Brass 


As a further example of the use of a material like 
barium titanate, Fig. 3 shows some quite large 
transducers [27] which were made up, using this 
material, to provide a method of measuring the 
thickness of concrete pavements and runways by an 
echo technique. The transducers are 100 mm across 
and 25 mm in thickness, so that the cost would be 
practically prohibitive in a material like quartz. 
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Owing to the difficulties of making large blocks of 
barium titanate, it was found necessary to fabricate 
these transducers from five smaller pieces, MATTIAT 
[28] has described still larger (circa 27 cm diameter) 
transducers built-up in a similar way. 

Fig. 4 shows the form taken by a ferrite type of 
torsional [29] transducer. In this case a toroidal 
winding is applied to the ferrite tube as shown, 
and to provide the crossed magnetic field necessary 
for shear distortion the whole ferrite tube is sub- 
jected to powerful axial magnetization. In this way 
shear deformation occurs, with an electro-mechani- 
cal coupling (energy ‘/: basis) of 0.19 or more. Such 
devices are readily usable to launch torsional waves 
in solids, and also, of course, for viscometer work 
in liquids as an alternative to the A.D.P. torsional 
transducers used by Mason [30] and his collabora- 
tors. An alternative construction for these torsional 
transducers in ferrite is to employ the axial field 
coil for the a.c. excitation, and to polarise by means 
of a powerful current passed through the centre of 
the tube. In this case, reliance is placed on the 
circumferential residual magnetization of the ferrite. 
In favourable circumstances the performance is very 
good, but it is possible, by a strong longitudinal 
excitation, to destroy such circumferential polari- 
sation. Excellent torsional wave delay [31] lines 
have, however, been made using ferrites in this way, 
either by using the ferrite itself as the delay medium, 
or by using torsional ferrite transducers with an inert 
propagating path in the form of a tube, rod or wire. 


| ft 16 mm (80 kc/s) 


Winding for axial Né ; 
}_ 33 mm (40 ke/s) 


magn. field 


/ 


Jnsulating bobbin 


Face from which torsional waves 
can be launched in medium 


Toroidal winding 


Ceramic disc, 5mm_ thick 


(40 kc/s) 


Fig. 4. Torsional ferrite transducer. 


Although the mechanical Q of ferrite transducers 
can be very high, in the region of some thousands, 
its ultimate tensile strength is by no means as great 
as that of metals like permendur or nickel, and it 
seems doubtful whether it can be profitably applied 
to the construction of high intensity ultrasonic 
cutting tools which are now finding valuable ap- 
plication for die making and the like. A tool for such 
a purpose [32] made with both stator and armature 
entirely of permendur is illustrated in Fig. 5, and 
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tools such as these are capable of doing very rapid 
cutting in the hardest of materials without exces- 
sively stressing these materials. It is of interest to 


note that, when properly matched, the efficiency 


of a well-designed permendur transducer of this type 
would be over 70%. 


Laminated | 


Jnsulating damp 
Permendur stator 


Barium titanate crystal 
Centering spider 


Winding 


Winding 
minal’ 
Permendur Axial retaining pin 
armature 


Brass matching line i al 


Armature 


Section af AA 
Fig. 5. Ultrasonic cutting tool. 


5. A special form of transducer for pulse and 
wide-band operation 


We will consider now the fundamental behaviour 
of a special transducer suitable for widespread and 
important applications, either with pulses (short 
wave trains), or for continuous wave excitation 
covering a very wide frequency band. A piezo- 
electric or a magnetostrictive material in the form 
of a long bar is required, and for this reason it is 
convenient to make it of some of the polycrystalline 
transducer materials considered earlier. The ex- 
citation can be either with co-linear field and 
mechanical displacement as in Fig. 6A and 6B or 
with orthogonal field and displacement as in Fig. 
6H and 6I. 
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Fig. 6. Long” type transducers: 

A. "Long” type transducer with co-linear excitation 
and mechanical displacement. Unit function ex- 
citation of charge or of magnetic flux. 

B. Conditions in A after a short time. Electric or 
magnetic fields a and a,, travel to left and right. 
Internal field in full lines, external field in broken 
lines. 

C. Stress Conditions in A. Ordinate is stress T. 
Abscissa corresponds to that of A. 

D. Two stress waves b and b, accompanying the 
travelling fields in B. Abscissa corresponds to 
that of B. 

E. Particle velocity conditions in A (i.e. zero particle 
velocity everywhere). 

F. Particle velocity conditions in B. Two waves travel 


to left and right. Ordinate is particle velocity §. 

G. Modification of received electrical wave in piezo- 
electric case with leak between electrodes. 

H. Long” type transducer with orthogonal excita- . 
tion and mechanical displacement. 

J. Conditions in H after a short time. Electric or 
magnetic fields travel to left and right and form 
loops in the medium external to the bar. 


In the first instance a unit function excitation, 
either electric or magnetic, can be applied, and there 
will result instantaneously a stress wave as in Fig. 
6C. This, after a short time, will separate into two 
stress waves as at Fig. 6D, proceeding to left and 
right with velocity c. The corresponding particle 
velocity waves will first be zero as at Fig. 6E; when 
the waves separate they will differ in sign as at 
Fig. 6F. If the excitation is stopped after the wave 
has travelled the length / of the electrodes, a reverse 
pulse follows the waves illustrated. The resulting 
pulse pair will have a peak in its frequency spectrum 
at c/21 where c is the propagation velocity. At the 
receiving set of electrodes in the piezoelectric case, 
as the wave passes through, a charge and voltage 
wave of a rather similar shape will arise in the absence 
of a shunt conductance. In the magnetostrictive 
case the current in the receiving coil will behave 
similarly when the resistance load on the coil is 
low. 
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It must be remembered, however, that when 
receiving conditions are less ideal, for instance, 
when appreciable shunt conductance exists, then 
the output electric wave will be more complex. The 
simple shapes at Fig. 6C and D from unit function 
excitation will degenerate to a shape roughly as at 
Fig. 6C. This will, in the case of pulse excitation 
of duration I/c, develop a double amplitude below 
the axis and be followed by an overswing. 

For the sake of completeness it may be mentioned 
that the electrical or magnetic conditions for ortho- 
gonal field and mechanical displacement are as 
shown at Fig. 6H and 6], the stress and particle 
velocity diagrams remaining broadly as at Fig. 6C, 
D, E and F. The resulting electrical wave forms 
which are received are not very different. This 
brief analysis of conditions in a locally energised 
bar of active material is very simple and from it 
can be derived, as will be seen, waveforms in various 
media which are well confirmed by experiment. 
Very similar waveforms occur in line transducers 
loaded with nearly matching acoustic loads on each 
face, provided that the joints to these loads do not 
act as discontinuities acoustically. 


6. Waveforms of pulses in special wide-band 
transducers 


Fig. 7 illustrates a selection of waveforms from 
pairs of transducers under short pulse excitation. 
Fig. 7a shows a waveform for longitudinal excitation 
with a 22 Mc/s quartz crystal launching on one side 
into a fused quartz bar and on the other side into a 
loaded plastic bar. In Fig. 7b a corresponding wave- 
form is shown for a Y-cut 14 Mc/s quartz crystal 
operating in one direction on to a steel propagating 
path, and in the other direction into a piece of fired 
rock [33] (pyrophillite). The next waveform at 
Fig. 7c is taken from the work of ANDERSON et al. 
[34] and is for a rochelle salt crystal operating into 
air, but with the side faces of the rochelle salt 
damped by ’’Bostik’’ and cork so that, as a result, 
the mechanical energy stored in the crystal by impul- 
sive excitation is damped out very quickly. The 
similarity with the foregoing waves is remarkable. 
Camp [35] has described the use of barium titanate 
transducers so damped by high viscosity resins as 
to have effective mechanical Q values of about 3. 

In Fig. 7e is shown the wave form from a mag- 
netostrictive transducer using an extremely tiny coil, 
the nickel being in the form of 4 tube a } mm in 
diameter, with a wall thickness of 0.025 mm. In 
Fig. 7d is shown the wave resulting from propagation 
from a ferrite transducer operating through an inert 
body in the form of a tube to excite a second similar 
torsional transducer. In this case the ferrite tube was 
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3 mm diameter. These transducer pairs constitute 
delay lines such as can be used in automatic com- 
puting devices. 


=; — 
© 20us @ 
Fig. 7. Waveforms of transducers under pulse excitation: 

a) 22 Mc/s X-cut quartz (heavily damped); fused 
quartz path, 

b) 14 Mc/s Y-cut quartz (heavily damped); hard 
steel path, 

c) 83 kc/s rochelle salt (heavily damped * sides of 
crystal); air path, 

d) Magnetostrictive transducer; short coils on cir- 
cumferentially polarised 3 mm @ ferrite tubes; 
inert path, formed by 1.6 mm @ tube; torsional 
waves, 

e) Magnetostrictive transducer; short coils on nickel 
tube 0.25 mm O.D., 0.20 mm I.D.; longitudinal 
waves. 


*) Also somewhat ’’snubbed”’ electrically [34]. 


Finally in Fig. 8 is shown a barium titanate trans- 
ducer damped with a loaded plastic backing and 
operating on to a mild steel path [36]. The wave is 
produced from a damped electric wave train but 
even then is very simple and short. In this case 
heavy electrical damping is used which, in association 
with the large electro-mechanical coupling for 
barium titanate, enhances the mechanical damping 
provided. The resulting effective mechanical Q can 
again be as low as about 3. 
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Fig. 8. Echo sounding with barium titanate; mild steel path. 
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7. Equivalent network analysis of special 
transducers 


The above approach is probably not so familiar 
as the conventional analysis of electro-mechanical 
transducers involving the use of equivalent circuits, 
and it is of interest to see how the two agree. It is 
well known that on the simplest assumption electro- 
mechanical transducers with co-linear field and 
mechanical displacement yield equivalent networks 
of the type shown in Fig. 9a and b, where ¢€, is the 
impedance represented in Fig. 9c. On the other 
hand, on similar assumptions the second case con- 
sidered above, i.e. orthogonal field and mechanical 
displacement, leads to an equivalent circuit as shown 
at Fig, 9d and e, in which the same impedance €, 
with some multiplying factor is fed in parallel with 
the electrical capacitive impedance element. The 
situation is reversed in the magnetostrictive case. 
Within the limits of the simplified assumptions made 
in deriving these circuits, they adequately describe 
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behaviour for wide variations in the ratios of the 
acoustic loadings of transducers to the characteristic 
impedance of the transducer itself. Over not too 
wide variations in these loadings it is possible to 
simplify the impedance to the form at Fig. 9f, and 
this equivalent circuit covers light symmetrical 
loading, slightly asymmetrical loading, and, in cer- 
tain circumstances, behaviour in } wave resonance. 
The case corresponding to the long transmission 
elements which we have been discussing requires 
some reduction in the C,, value in Fig. 9f and this 
simplified circuit no longer holds. The network in 
Fig. 9d, however, incorporating ¢, as shown in 
Fig. 9c and 9f can be used, and provided that the 
source is of low impedance, it is clear that extremely 
wide band operation results. In fact, the electro- 
mechanical coupling affects the band-width very 
little, although still affecting the transfer constant. 
It ought also to be pointed out here that, for re- 
ceiving stress waves, a piezo-electric transducer of 
this type on open circuit operates down to very low 


Cn -2l m 
| 6lm 6Lm 
Ce 
Rm Rn2 


Fig. 9. Line type transducer behaviour in terms of equivalent circuits: 


a) Piezoelectric: co-linear field and mechanical displacement. (f is frequency). 


b) Piezomagnetic: as above. 


c) Constitution of network element ¢,,; equivalent ’’T”’ of line; R, and R, = loads on faces of line transducer *). 
d) Piezoelectric: orthogonal field and mechanical displacement. 


e) Piezomagnetic: as above. 


Note: a,, a, f, and f, are frequency-invariant functions of the magnetic electric and elastic properties 
of the material of the transducer and of its dimensions. 


f) Simplified network for transducer faces equally or unequally loaded. 
g) Argand diagram for ¢, with matched loads on both faces. 
h) Complication in barium titanate equivalent network due to longitudinal-shear mode electro-mechanical 


coupling; radiation into water. 


i) Calculated Argand diagram for equivalent circuit at h. (loss resistance R, in h neglected). 
k) Mechanical line (of radius a, density 9, compliance s), with surfaces damped by viscous fluid of viscosity 7. 


*) In the figure both indicated by R. 
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frequencies. Apart from this special usage, however, 
the band-width will be roughly from f,/2 to 3f,/2, 
fo being the frequency c/21 where c is the velocity 
and I the effective physical length. 

It is to be noted that the use of transducers of 
these types generally necessitates either heavy inter- 
nal damping in the path or the provision of external 
damping to avoid reflections from the ends. It is 
convenient to effect this by immersing part of the 
bar in grease (or in a viscous resin) and if the rigidity 
of the grease be neglected, the equivalent line carr 
be regarded as damped by additional elements as 
shown at Fig. 9k, 7 being the viscosity of the grease 
and a the radius of the bar or line; the element 2 7 
(1 + j)/a must not, of course, be large enough to 
cause appreciable reflection at the point on the bar 
where the damping starts. 

It is probably desirable to point out here that 
the equivalent network for barium titanate in thick- 
ness vibration [37] is more complex than, for instance, 
Fig. 9f, for a shear oscillation is excited simulta- 
neously with the extensional oscillation. For opera- 
tion in water the network of Fig. 9h simulates 
behaviour approximately giving, for instance, the 
typical subsidiary peak as in Fig. 91. The calculated 
frequency for this peak depends on Polsson’s ratio 
varying from 1.14 fp to 1.025 fy as this ratio varies 
from 0.28 to 0.32. The peak is more pronounced 
when the material is partly depolarised. 

A physical embodiment of the principles just 
described appears in Fig. 10, which illustrates one 
of these "long’’ type transducers which has been 
widely used for vibration studies at the N.P.L., and 
has enabled measurements to be carried out at 
temperatures ranging from — 240 °C to + 1000 °C. 
It comprises a coil about 8 mm long with an internal 
diameter of 3 mm through which a + mm diameter 
nickel tube is threaded, small magnets being provid- 
ed for polarising the stretch of tube under the coil. 
The mechanical impedance of the device at the free 
end is very small, about 800 mechanical CGS-ohms 
(0.8 Ns/m). The other end is extended in a grease 
filled tube which provides the viscosity damping 


Section AA if 


€; 2 3 A 


Fig. 10. Low impedance long” type magnetostrictive trans- 

ducer: 

a) nickel tube, 0.25 mm O.D., 0.20 mm L.D., 
presents acoustic load of 800 abohms (0.8 Ns/m), 

b) copper shield, 

c) live terminal, 

d) glass tube filled with grease, 

e) sectional winding e,, €., e; (normally all in series), 

f) ivory bobbin fitted with small magnets (parallel 
to axis). 
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discussed above. It is possible to use numbers of these 
transducers to measure magnitudes and phases of 
particle velocities at various points on the surface 
of a body under extensional or shear vibration, and 
the elements attached are so fine as to'interfere’very 
little with the motion, 


8. The launching process and polar diagrams 
of radiators on semi-infinite solids 


In launching waves in or at the surface of a 
medium, interest is divided between the mechanical 
impedance of the radiator, which is needed to cal- 
culate the equivalent transducer networks, and the 
magnitude of the radiated field at various points in 
the medium. For arrays of radiators, it is further 
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Fig. 11. Radiation into solids: 
a) radiation into a rod, 
b and c) torsional waves launched into a rod, 
d) small radiator immersed in a solid, 
e) radiator located on a semi-infinite solid. 


necessary to calculate mutual impedances. While 
numerous investigators have dealt with the launching 
of waves in fluids and this subject is now well under- 
stood, only the simplest of cases for the launching 
of waves in solids has been tackled, for instance, 
dilating sources [38] and dipole sources [38] in 
infinite media, and large aperture radiators on semi- 
infinite media. When these simplifications no longer 
apply, the situation becomes formidably complex. 
A case which has been considered, at least for 
sinusoidal conditions, is that of a radiator applied to 
the end of a rod as at Fig. lla. For a fairly extensive 
aperture, a narrow beam results, but when this 
encounters the outer boundary of the rod the longi- 
tudinal wave is reflected with change of phase and 
with partial mode changing. This process tends to 
remove energy at a and distort its distribution in the 
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bar, so that at one stage the wave at the centre of 
a rod drops to a very low intensity. In this process, 
of course, a considerable amount of the energy is 
changed to shear wave energy so slowing the propa- 
gation for sinusoidal waves although the energy can 
again change back to longitudinal wave energy to be 
picked up by a subsequent transducer further along 
the bar. This is the origin of the wellknown ’’ghost”’ 
pulse in the pulse excitation of transducers on the 
ends of long bars, useful to give a rough idea of shear 
wave velocity but embarrassing for many other 
reasons. It will be realised that this process, which is 
of course implicit in the PoCcHHAMMER [39] analyses, 
forms a fundamental limitation on the possibility of 
guiding or concentrating pulses of energy along long 
bars. It is, however, possible to concentrate the 
energy by means of an internal reflection at a 
spherical boundary surface on the solid and so avoid 
the difficulties which are encountered in a bar [35]- 

Fig. 11b shows an interesting case of propagation 
of a shear wave from a mosaic of Y-cut quartz 
crystals which can launch what is effectively a tor- 
sional wave in the form of a beam. This has a 
peculiar polar diagram as at Fig. 11c (to be imagined 
as rotated around the axis) and this time the particle 
velocity is tangential to the boundary surface of, for 
instance, a bar forming the propagation path. Such 
a wave is reflected without change of phase, so ac- 
centuating the polar diagram near the boundary 
surface as shown at b in Fig. llc. A wave of this 
type can, of course, be used for delay lines [40] 
and also for flaw detection for surface flaws in 
cylindrical specimens. 

While the polar diagrams of small radiators im- 
mersed in solids are relatively simple, see Fig. 11d, 
a much more complex situation is encountered when 
an attempt is made to calculate the radiation im- 
pedances and polar diagrams of radiators of small to 
medium aperture located on a semi-infinite medium, 
for three waves are radiated, the surface or Ray- 
LEIGH wave, the shear wave and the longitudinal 
wave. This problem has now been solved in prin- 
ciple by Pursey and MILLER [41] at the National 
Physical Laboratory using an integral transform 
technique and, although the integrals involved are 
very complex, many cases have now been computed. 
In their work they consider a) idealised radiators of 
linear and circular shapes, whose motion is normal 
to the surface, b) an idealised linear radiator moving 
tangentially to the surface and normally to itself, 
and c) an idealised circularly oscillating radiator of 
circular shape. Broadly speaking, the polar diagram 
for the normally moving radiators of small aperture 
is as shown at Fig. lle while for the tangentially 
moving linear radiator the modes of vibration for the 
central and flanking lobes are interchanged. Prelimi- 
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nary evaluation of the shear wave polar diagrams 
reveals however, except in the pure torsional case, 
a narrow crevasse between 30° and 45° not shown 
on the sketches. For the torsional transducer, the 
energy is confined to the rotational mode and the 
diagram, when the aperture is small, takes the form 
of the lower half of the shear wave lobes of Fig. 11d. 

One other aspect of the launching of elastic waves 
in solids from sources of extensive aperture is worthy 
of mention. It is often desirable to be able to direct 
the beam at an angle to the surface and to be able 
to vary that angle, and, although this can be done 
with the solid immersed in a liquid this brings other 
difficulties in its train. A much more satisfactory 
scheme is that shown in Fig. 12a for launching 
longitudinal waves in solids and at Fig. 12b for 
combining a mode-changing operation with the 
launching of the wave. In Fig. 12a optically worked 
plano-convex and plano-concave glass lenses were 
used and in Fig. 12b optically worked perspex parts 
were used. It will be appreciated that the possibilities 
of such devices in the field of ultrasonic flaw detec- 
tion are immense. 
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Fig. 12. Radiation into solids at oblique directions. 


Finally, something further should be said about 
electro-mechanical transducers of the electrostatic 
and inductor types. Borpont [9] and other workers 
at Rome have successfully used electrostatic excita- 
tion and frequency-modulation pick up for the 
vibration of bars down to 4°K and this is also a 
standard method at the National Physical Laboratory 
in the metal-physics work carried out there, the 
devices operating up to about 0.25 Mc/s. As well- 
known is the inductor method used by St. CLAIR 
[44] for ultrasonic precipitation of aerosols. Al- 
though his electro-acoustic transducer had an effi- 
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ciency of about 30% it is doubtful if it would 
compete with a well-designed siren. To end this 
account, mention will be made of an interesting 
development of this inductor type of transducer 
shown in Fig. 13. A powerful field sets up eddy 
currents induced in a thin strip so as to set it in 
resonance longitudinally, the resonance being de- 
tected by a bridge method. This method is capable 
of use with non-ferromagnetic specimens as small 
as 20 mm X 3mm X 0.05 mm and has also been 
used for the investigation of the elasticity of single 
crystal specimens of tiny dimensions. A variant of 
this device for resonating discs was successfully 
made at N.P.L., with the co-operation of Dr. Levi 
of Perugia when the latter was working there a 
couple of years ago. 
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Fig. 13. Inductor type of transducer. 


Some of the devices described in this account 
were developed as part of the research programme 
of the National Physical Laboratory and this paper 
is published with the permission of the Director 
of the Laboratory. 
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EXPERIMENTS ON SOME ELECTRODYNAMIC 
ULTRASONIC VIBRATORS 


by A. Barone ‘and A. GIACOMINI 
Istituto Nazionale di Ultracustica ""O. M. Corbino’’, Roma 


Summary. Some types of ultrasonic vibrators are described. These are made of solids of various 
forms which are set in vibration by the electrodynamic effect. Solids made of insulating materials 
are partially metallised so that they can be set in vibration. The use of such vibrators to measure 
elastic constants is proposed. The same vibrators may serve as ultrasonic sources for the laboratory. 


Sommaire. On décrit quelques types de vibrateurs ultrasonores. Ils sont constitués par des solides 
de formes variées, qu’on fait vibrer par effet électrodynamique. On métallise partiellement les solides 
en matériau isolant pour pouvoir les faire vibrer. On propose d’employer des vibrateurs de ce genre 
pour mesurer les constantes élastiques. Ces mémes vibrateurs peuvent servir de générateurs d’ultrasons 
dans les laboratoires. 


Zusammenfassung. Es werden Ultraschallschwinger beschrieben, die aus Festkérpern herge- 
stellt sind und durch einen elektrodynamischen Effekt angeregt werden. Auch Nichtleiter konnen 
angeregt werden, wenn man sie teilweise metallisiert. Es wird vorgeschlagen, solche Schwinger zur 
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Messung elastischer Konstanten und als Schallquelle fiir Laboratoriumszwecke zu verwenden. 


1. All the phenomena by which electric energy is 
transformed into mechanical energy are suitable for 
the design of ultrasonic sources, but those which 
have been practically constructed depend on the 
piezoelectric or the magnetostrictive effects. 

It seemed however of interest to examine the 
possibility of constructing special ultrasonic vibra- 
tors depending on the mutual action of a current 
and a magnetic field. 

The use of the electrodynamic effect in the con- 
struction of sources of sonic frequency stems from 
1891, that is to say, in the electrodynamic telephone 
of WERNER VON SIEMENS [1]. There appeared suc- 
cessively, the sonic source of R. A. FESSENDEN [2], 
the loudspeaker of H. RieccEr [3], those of W. 
ScHOTTKy [4] and E. Geriacu [5], the common 
cone loudspeaker of W. Rice and E. W. KELLoGG 
[6], and finally the ribbon telephone of H. F. OLSon 
and F. Massa [7]. 


All the aforementioned types of transducers, 
meant to operate at sonic frequency, are notably 
unsuitable when one passes to ultrasonic frequency 
because they are made of systems with lumped 
elements having relatively low natural frequencies. 

To obtain oscillators of high frequency, it is better 
to make use of systems with distributed quantities 
and to this purpose we have realised some types of 
vibrator which will be described here. It might be 
thought that there exists a similarity between certain 
of the sources constructed by us and the one first 
described by St. Crarr [8] but it should be noted 
that the latter is set in vibration by a particular 
electrodynamic effect linked with the setting up of 
induced currents generated by a variable magnetic 
field, whereas, as will be shown, the way we chose 
does not involve alternating magnetic fields. 


2. Our experiments began with the one shown 
in Fig. 1. The bar shown is of glass and is metallised 
to render the zone shaded in the figure conducting. 
The exciting alternating current follows the track 
marked on the figure and interacts with a constant 
magnetic field to which one of the end faces of the 
bar is exposed. 


Fig. 1. Arrangement for exciting longitudinal vibrations in 
a bar of glass or other insulating material. 


The vibromotive force of electrodynamic origin, 
proportional to the magnetic induction and the 
current intensity, has the same frequency as the 
latter. By suitable choice of such frequency it is 
possible to excite, with considerable intensity, the 
longitudinal vibrations corresponding to various 
normal modes of the bar. 

This simple method suffices to set in longitudinal 
vibration any insulating solid at frequencies of the 
order of tens of kilocycles per second. 

To excite torsional vibrations the excitation of the 
bar is arranged according to the scheme of Fig. 2. 

To apply the electrodynamic method to metallic, 
rather than to insulating materials, it is only neces- 
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sary to make the exciting current transverse one end 
of the solid immersed in the magnetic field. 
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Fig. 2. Scheme of method for exciting torsional vibrations 
in a solid insulator. 


In detail the arrangements described above can 
be carried out in diverse ways. Fig. 3 shows the 
following experimental transducers: (a) a glass bar 
of the type drawn in Fig. 1; (b) a bar of rubber; 
(c) an aluminium rod, having the ends of expanded 
section to allow one to be placed in the magnetic 
field while the other has an expanded radiating 
surface; (d) a transducer formed of a rectangular 
strip of aluminium in which the exciting current 
passes along an edge to which two leads are soldered; 
(e) a strip like the preceding, but with variable 
width; (f) a bar of glass on which the conducting 
film, sputtered on, serves to excite torsional oscil- 
lations. 


be e f 
Fig. 3. Types of vibrators: (a) glass bar, (b) rubber bar, 
(c) aluminium bar with conical expansion, (d) alumi- 


nium strip, (e) aluminium strip, (f) glass rod for 
torsional vibrations. 
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The experimental arrangement for exciting longi- 
tudinal vibrations in a glass bar is shown in Fig. 4, 
whereas Fig. 5 shows how longitudinal vibrations 
can be excited in an aluminium strip. 

The vibrators we described have been devised 
mainly for the purpose of measuring the elastic 
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constants of solids. In this connection it should be 
remembered that several other methods founded on 
electrostatic, piezoelectric, magnetostrictive effects 
have been described in the literature [9], [10]. 


Fig. 4. Arrangement for exciting and revealing longitudina 
vibrations in a>glass bar. 


The electrodynamic method here proposed seems 
more interesting for longitudinal vibrations of highly 
damped solids because of the comparatively high 
forces obtainable by electrodynamic action with 
respect to those attainable by electrostatic methods. 


Fig, 5. Experimental arrangement for exciting longitudinal 
vibrations in a metallic strip furnished with a trumpet 
for irradiating the air with ultrasonics. 


It should be added that the method of exciting 
torsional vibrations illustrated in Fig. 2 seems to 
have special interest because the present methods 
(including the electrostatic) do not favour torsional 
oscillations in cylindrical rods whereas the coupling 
of other vibrating systems (like the piezoelectric 
quartz, ferromagnetic strip, etc.) to the bar by 
making torsional vibration possible, requires the 
introduction of corrections to the results *). 


3. Though the scope of our research was mainly 
concerned with a new method for determining 
elastic constants in solids through velocity measure- 


*) As an exception one might quote the method described 
during this Congress by G. BRADFIELD. 
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ments, we wish to point out that each of the systems 
considered — excepting those intended for torsional 
oscillations — forms a source apt to irradiate the 


ambient medium, if supplied with adequate electric’ 


power and a matched radiating system. For example, 
on Fig. 5, is visible a trumpet coupled to a metallic 


30 


| | 
20 al mn 
i 


——> dntensity (arbitrary units) 


1 er 
Uikeh TOP ea 


11.7 11.7 


——>~ Frequency 


18 90 = 9.1kc/s 


Fig. 6. Response curves of sources formed of aluminium 
strips in longitudinal vibration, with and without 
radiation trumpet. The first pair of curves refer to 
source d of Fig. 3, the second pair to source e. 
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vibrating strip which results in a greater output in 
the transfer of acoustic power into vibration of the 
ambient medium. 

In connection with these last considerations, 
response curves relative to the emission from the 
strip of aluminium with and without trumpet have 
been traced. For reasons of convenience in the use 
of the apparatus, a frequency above the audible 
limit is selected; Fig. 6 shows the resulting curves. 
One observes that the use of the trumpet (see the 
schematical drawings of the vibrators near the 
curves), besides giving the emission a directional — 
character, puts greater energy into the medium, as 
shown by the diminished Q factor. 
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GENERALISATION D’UNE METHODE ELECTROSTATIQUE POUR LA 
MESURE ULTRASONORE DES CONSTANTES ELASTIQUES ET 
ANELASTIQUES DES SOLIDES 


par P. G. Borponi et M. Nuovo 


Istituto Nazionale di Ultracustica ’"O. M. Corbino’’, Roma 


Sommaire. 


Exposé des perfectionnements apportés 4 une méthode électrostatique de mesure 


des constantes élastiques et anélastiques des solides. On a utilisé des vibrations de traction, de torsion 
et autres modes de déformations dont la fréquence atteint jusqu’a 300 kHz. 


Zusammenfassung. Es wird eine verbesserte elektrostatische MeBmethode beschrieben, mit der 
man elastische und andere Konstanten von Festkérpern mit Hilfe von Dehn- und Torsionswellen bis 


zu Frequenzen von 300 kHz bestimmen kann. 


Summary. 


Improvements are described in an electrostatic method for measuring the elastic and 


anelastic constants of solids by means of longitudinal and torsional vibrations up to frequencies of 


300 kc/s. 


1. Introduction 

La détermination des constantes élastiques et an- 
élastiques d’un solides’ effectue assez souvent al’heure 
actuelle par une méthode dynamique, en mesurant 
la vitesse de propagation et l’atténuation des ondes 
ultrasonores, et en utilisant les relations bien connues 
qui lient ces grandeurs aux paramétres élastiques. 

Pour exciter les vibrations et pour mesurer leur 
amplitude on peut utiliser tous les phénoménes qui 


donnent lieu 4 une transformation d’énergie électri- 
que en énergie mécanique ou 4a la transformation 
inverse. On a donc les méthodes de mesure piézo- 
électrique [1] --- [5], ferromagnétiques [6], électro- 
dynamiques [7] - [9], magnétostrictives [10] et 
électrostatiques [11] -- [13]. 

Ces derniéres ont recu jusqu’a présent des appli- — 
cations particuli¢rement nombreuses en raison des — 
avantages suivants: 
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a) elles peuvent étre employées entre des limites 
étendues de températures depuis les plus basses 
valeurs réalisables jusqu’au point de fusion; 

b) elles donnent lieu 4 des efforts mécaniques 
trés petits, qui rendent négligeables les effets de 
second ordre dans les déformations élastiques et 
anélastiques; 

c) elles n’augmentent pas de facon appréciable la 
dissipation élastique du matériau, contrairement 4 
ce qui se passe pour la plupart des méthodes utilisant 
des champs magnétiques ou des couplages mécani- 
ques entre le matériau et l’appareil de mesure. 

Dans ce qui suit, on exposera en détail une 
méthode électrostatique qui permet d’exciter les 
vibrations et de mesurer leurs amplitudes 4 l'aide 
d’une seule électrode. 

Cette méthode a été employée dans plusieurs tra- 

-vaux sur les vibrations de traction et de flexion 
jusqu’a des fréquences de 50 kHz [14] :: [20]. 

Elle a été récemment perfectionnée de facon no- 
table en élevant la limite des fréquences de vibrations 
mesurables puis le nombre de types des vibrations 
utilisables. On a pu ainsi mesurer jusqu’a des fré- 
quences de 200 4 300 kHz et l’on a pu également 
exciter et mesurer avec une seule électrode et sur 
la méme éprouvette soit des vibrations de torsion, soit 
des vibrations de traction. Il est alors aisé de mesurer 
le coefficient de Poisson et de suivre ses variations 
en fonction de la température. 

Ona pu également exciter et mesurer les vibrations 
de solides de forme sphérique ou annulaire. Par com- 
paraison avec les fréquences de résonance relatives 
aux différents types de vibration, on arrive 4 déter- 
miner toutes les constantes élastiques des différents 
solides et on peut contrdler leur isotropie et leur 
homogénéité. 


2. Mesures en haute fréquence 


La méthode électrostatique en haute fréquence a 
été décrite en détail dans une communication pré- 
cédente [12]. Il suffit donc de rappeler que les 
vibrations sont excitées par l’attraction électrosta- 
tique due a une tension alternative appliquée entre 
le solide et une électrode trés voisine. La méme 
électrode sert aussi 4 la mesure de l’amplitude des 
vibrations. Celles-ci produisent en effet une variation 
de la distance et par conséquent de la capacité entre 
Vélectrode et le solide. Ainsi on peut obtenir une 
modulation de fréquence dans un circuit 4 haute 
fréquence dont la capacité est ‘constituée par le 
solide et I’électrode. La modulation de fréquence 
est transformée en modulation d’amplitude 4 l’aide 
du circuit convertisseur proposé par RIEGGER [21]. 
Elle est ensuite démodulée. On obtient ainsi une 

tension alternative de méme fréquence que les 
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vibrations, et dont la valeur est proportionnelle a 
leur amplitude. 

Pour mesurer les vibrations jusqu’a des fréquences 
de 200 4 300 kHz on a, en premier lieu, réalisé des 
amplificateurs dont la réponse est constante jusqu’a 
ces fréquences. 

Dans le méme but on a réalisé un convertisseur de 
modulation assez sensible aux hautes fréquences, 
pour compenser la réduction de la tension de sortie 
produite par la diminution de l’amplitude des vibra- 
tions. En effet pour une éprouvette donnée et une 
valeur donnée du coefficient de résonance et de la 
force vibromotrice, cette amplitude est inversement 
proportionnelle au carré de la fréquence. Pour la 
haute fréquence on a donc choisi une valeur moyenne 
a peu prés égale au produit de la plus haute fré- 
quence de vibration 4 mesurer (200 a 300 kHz) par 
le coefficient de résonance du circuit convertisseur 
(de l’ordre de 50 --- 100). 


Fig. 1. Schéma du vibrométre. 


Un tel dispositif (Fig. 1) a permis, par exemple, 
de mesurer les valeurs du coefficient de résonance 
d’une éprouvette d’aluminium (99,5%) jusqu’a la 
fréquence de 250 kHz (Fig. 2). Les mesures ont été 
effectuées sous vide, car la viscosité de l’air aurait 
produit une dissipation beaucoup plus grande que 
celle qui caractérise l’éprouvette. Il a fallu aussi 
réduire au minimum la dissipation due a la fixation 
de l’éprouvette. Celle-ci était soutenue par trois 
pointes d’acier (1 mm de diamétre) situées dans un 
plan nodal. On a vérifié que l’effet des pointes était 
vraiment négligeable quand on les écartait du plan 
nodal de fagon a augmenter le couplage mécanique 
entre l’éprouvette et les organes de fixation; on 


310° 


200 
——> fréquence 


0 100 300 kHz 


Fig. 2. Dissipation anélastique dans une éprouvette d’alumi- 
nium (99,5%) en fonction de la fréquence. 
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observait alors que ce déplacement augmente trés 
peu la dissipation. 
Lorsqu’il suffit de mesurer les constantes élasti- 


ques, on a remarqué qu’on peut simplifier beaucoup 


le dispositif expérimental en appuyant directement 
l’éprouvette sur l’électrode, par l’intermédiaire d’une 
feuille trés mince en cellophane ou d’un autre 
diélectrique, ce qu’avait déja fait IpE [22] pour 
V'excitation des vibrations. On a remarqué que les 
petites ondulations du _ diélectrique empéchent 
l’éprouvette de toucher l’électrode sur toute sa sur- 
face et donnant lieu 4 un couplage mécanique trés 
faible, et a des altérations des fréquences de réso- 
nance qui, en général, ne dépassent pas 1%. 


3. Vibrations de torsion et mesure du coeffi- 
cient de Poisson 


On a pu aussi employer la méthode électrostatique 
pour étudier les vibrations de torsion. Dans ce cas 
toutefois il faut employer des éprouvettes prismati- 
ques. Pour produire le couple de torsion, l’électrode 
doit étre placée dissymétriquement par rapport a 
un plan passant par l’axe de l’éprouvette tout en 
étant normal a une paire de faces, L’éprouvette 
est supportée par des pointes disposées dans un 
plan nodal (Fig. 3) ou bien elle s’appuie directement 
sur une électrode dissymétrique de forme convenable, 
avec interposition d’une feuille de substance diélec- 
trique. Dans cette derniére disposition 1’électrode 
étant placée prés de la section moyenne de 1’éprou- 
vette, on peut exciter aussi les vibrations de traction 
en se servant de la contraction latérale du matériau. 
On peut donc mesurer en méme temps le module de 
YOUNG et le module de torsion et suivre sans diffi- 
culté les variations de ces paramétres et du coefficient 
de Poisson en fonction de la température. 


Fig. 3. Support pour l’excitation et la mesure des vibrations 
de torsion. E: électrode. 


Comme le solide n’est soumis 4 aucun effort, on 
peut méme pousser les mesures jusqu’aux environs 
du point de fusion et obtenir le coefficient de Pois- 
son avec une précision satisfaisante. 

En ce qui concerne les vibrations de torsion, le 
Tableau I donne les valeurs des 15 premiéres fréquen- 
ces de résonance mesurées sur une éprouvette d’alu- 
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minium a section carrée de 200 mm de long. On 
voit que les rapports entre les fréquences sont, avec 
une trés bonne approximation, des nombres entiers, 
ce qui démontre 4 la fois l’isotropie du matériau et 
la bonne approximation de la théorie mathématique 
du premier ordre. 


Tableau I: Spectre des fréquences correspondant aux modes 
de torsion d’une barre en aluminium 4 section 
carrée, 11,95 mm x 11,95mm x 200 mm. 


Ordre du mode de Fréquence 
vibration Hz 
1 7,096 
3 21,270 
5 35,446 
7 49,550 
9 63,702 
11 77,897 
13 92,031 
15 106,170 


4. Vibrations des sphéres et des anneaux 


Pour exciter et mesurer les vibrations d’une 
sphére il suffit d’appuyer celle-ci sur l’électrode 
avec interposition d’une mince couche de matériau 
diélectrique. On peut aussi appuyer l’électrode sur 
la sphére (Fig. 4); dans les deux cas il est facile de 
distinguer les différents types de vibration, comme 
on l’a fait dans le Tableau II, pour les premiers 
modes d’une sphére d’aluminium de 100 mm de 
diamétre. 


Fig. 4. Dispositif expérimental pour |’excitation et la mesure 
des vibrations d’une sphére et d’un anneau. E: élec- 
trode. 


La figure 4 montre également le dispositif expéri- 
mental qui permet d’exciter les vibrations d’un — 
anneau. Ce dernier est soutenu par des fils, et une 
petite électrode est appuyée sur sa partie supérieure © 
avec interposition d’une feuille de matériau diélectri- 
que. Avec ce dispositif on se borne a exciter et a 
mesurer les vibrations de traction ou de flexion 
ayant lieu dans le plan méme de I’anneau. L’accord 
entre les fréquences calculées et les données expéri- 
mentales est particuli¢rement satisfaisant méme pour 
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Tableau II: Fréquences de résonance d’une sphére en alumi- 
nium. 
D = 100 mm 


Fréquence de ré- 
sonance en Hz 


Type de la 
vibration 


5 


26,591 1° Sphéroidale 
39,450 — 
50,729 1° Radiale 
55,967 1° Rotatoire 
71,360 _ 
71,432 — 
81,288 — 
107,156 — 
110,612 ~ 


OMWNIANPWH 


Tableau III: Fréquences de résonance d’un anneau en alu- 
minium commercial ayant les dimensions sui- 
vantes: 
diamétre extérieur 100 mm 


diamétre intérieur 70 mm 
épaisseur 8mm 
ope o Mode de vibration 
5,2 1° Mode flexion 
7,0 Bao ” ” 
13,23 Sues ” 
19,61 1° ,, extension 
23,17 420% ),,.¢ flexion 
26,84 2° .,, extension 
33,93 5° 4.8 flexion 
41,68 3° 4, +extension 
48,40 6°. <,,.. flexion 
57,01 4° ,, extension 
68,60 del) Gs) tlexion 
75,00 5° =, + extension 
80,55 8° ,, flexion 
92,20 6° ,, extension 
103,7 9° =, ~— flexion 
115,1 7° ,, extension 
124,9 10° ,, flexion 
134,2 8° ,, extension 
147,4 11° 4, flexion 
153315 9° ,, extension 
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les modes d’ordre élevé. On peut alors distinguer 
aisément les différents types de vibration comme 
il est indiqué sur le Tableau III, et mesurer la 
dissipation pour un méme type de vibration dans un 
intervalle trés étendu de fréquence. 


5. Conclusions 


Les perfectionnements récemment apportés a la 
méthode de mesure électrostatique en haute fréquen- 
ce permettent de mesurer la vitesse et l’absorption 
des ultrasons jusqu’a des fréquences de 200 4 300 
kHz pour presque tous les types de vibrations, 
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VISUALISATION DES ONDES SONORES ET ULTRA-SONORES 
PAR LA METHODE DES STRIATIONS *) 


par F. Canac 
Centre de Recherches Scientifiques, Industrielles et Maritimes, Marseille, France 


Sommaire. La méthode des striations a permis de voir directement dans l’air des ondes sonores 
de fréquence 4000 Hz. En les faisant traverser certains produits (laine de verre par exemple) ou en les 
faisant se réfléchir sur eux, on peut juger directement par photographie de l’importance de leurs 
facteurs de transmission et de réflexion. On peut juger de méme de l’efficacité de certaines surfaces 
(plafonds comportant différents reliefs: poutrelles, caissons etc.) au point de vue de leur pouvoir 
réfléchissant, absorbant et diffusant. L’emploi des ultra-sons sur des maquettes réalisées avec une 
réduction appropriée permet immédiatement de se rendre compte du rdle de la nature des parois. 
Enfin la réflexion des ultra-sons dans I’air sur une surface plane, observée soit stroboscopiquement 


*) En vue de l’impossibilité de réduire 1’étendue du texte suffisamment pour permettre sa publication dans ce Compte 
' Rendu, seuls les trois sommaires sont inclus ici. On trouvera le texte et la discussion dans Acustica 4 [1954], No. 2. 
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soit en lumiere continue, permet de se rendre compte du mécanisme de la formation des ondes sta- 
tionnaires paralléles a la surface et de déterminer une vitesse de phase plus grande que la nature 
du sen: on obtient ainsi un excellent schéma de la propagation des ondes électromagnétiques dans un 
tuyau. 


Zusammenfassung. Mit Hilfe einer Schlierenmethode ist es mdglich, Schallwellen mit einer Fre- 
quenz von 4000 Hz in Luft unmittelbar sichtbar zu machen. LaBt man die Wellen durch gewisse 
Materialien (z.B. Glaswolle) hindurchlaufen oder daran reflektieren, so kann man sich nach einer 
photographischen Aufnahme unmittelbar ein Urteil tiber die Ausbreitungs- und Reflexionskoeffi- 
zienten bilden. Ebenso kann man die Wirksamkeit verschiedener Oberflachen (Decken mit kasten- 
oder balkenformigen Strukturen usw.) hinsichtlich ihrer Reflexions-, Absorptions- und Streuungs- 
eigenschaften beurteilen. Bei Anwendung der Methode auf die Untersuchung von Modellen in 
passender Verkleinerung kann man sich sofort iiber die Auswirkung der Beschaffenheit der Wande 
ein Bild machen. SchlieBlich gibt die Ultraschall-Reflexion in Luft an einer ebenen Flache, wobei 
man sowohl stroboskopische als auch ununterbrochene Beleuchtung verwenden kann, Aufschlu8 
tiber die Ausbildung von stationaren Wellen parallel zur Oberfliche und iibet-die dabei auftretende 
erhohte Phasengeschwindigkeit. Auf diese Weise erhalt man ein ausgezeichnetes Analogieschema 
fiir die Ausbreitung elektromagnetischer Wellen in einem Rohr. 


Summary. The method of striations can be used to observe directly sound waves of frequency 
4000 c/s. By making the waves traverse certain products, e.g. glass wool, or by reflecting them from 
their surfaces, one can judge from photographs the relative importance of their transmission and 
reflection factors. One can even judge the efficacy of certain surfaces (ceilings of different relief forms 
like caissons and girders) from the point of view of their reflecting, absorbing and diffusing powers. 
The use of ultrasonic waves on models at appropriate scale permits the calculation of the role of the 
nature of the walls in an enclosure. Finally, reflexion of ultrasonics in air from a plane surface, ob- 
served either stroboscopically or under continuous illumination, can be used to investigate the for- 
mation of stationary waves parallel to the surface and to determine phase velocities greater than nor- 
mal; so an excellent picture of the propagation of electromagnetic waves in a tube can be obtained. 


EXPERIMENTS ON A TUNED TRANSDUCER FOR THE 
ULTRASONIC RANGE 


by A. Gtacomint and G. Poranr 
Physical Institute of the University of Trieste 


Summary. Experiments on ultrasonic transducers formed of a piezoelectric element of barium 
titanate between two rods of aluminium are described. These transducers, used as microphones in 
the air, have a good sensitivity (70 mV/dNm~?) and a Q of 2500. The same transducers can be used 
as ultrasonic sources of comparatively high intensity. 


Sommaire. On décrit des essais effectués sur des transducteurs ultrasonores constitués par un 
élément piézoélectrique de titanate de baryum placé entre deux tiges d’aluminium. Ces transducteurs, 
employés comme microphones dans l|’air, ont une bonne sensibilité (70 mV/dNm~?) et un Q égal 
a 2500. On peut les employer comme générateurs d’ultrasons relativement intenses. 


Zusammenfassung. Es werden Experimente mit Ultraschallwandlern beschrieben, die aus einem 
zwischen zwei Aluminiumstaben angebrachten Element aus Bariumtitanat bestehen. Diese Wandler 
haben als Mikrophone in Luft eine recht gute Empfindlichkeit (70 mV/dNm~*) bei einem Giitefaktor 
von 2500. Dieselben Wandler kénnen auch als Schallquelle von relativ hoher Intensitat verwendet 
werden. 
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1. Microphones intended for use at sonic fre- 
quencies have usually been designed ideally to have 
constant sensitivity to varying frequency. When, 
however, it is a question of picking up ultrasonic 
waves, one may wish to receive a single frequency 
and to get the maximum sensitivity at this frequency. 
Uniformity of response may even be disadvantageous 
from the point of view of getting a good signal to 
noise ratio. 

In the technique of underwater signalling tuned 
microphones made up of piezo-electric [1] or 
magneto-strictive [2] sandwiches have been used, 
these microphones being sensitive only to frequencies 


which correspond to the normal modes of such 
systems. 

Concerning microphones destined for use in the 
air, we may mention a type made of a nickel rod, 
used by SLAYMARE and MEEKER [3] to detect the 
presence of obstacles to the blind. 

In this connection we thought it would be of 
interest to construct some selective microphones to 
pick up in the air ultrasonic signals having a fre- 
quency in the range 10 kHz to 50 kHz. 


2. One of the microphones is illustrated schemati- 
cally in Fig. 1. The element converting mechanical 
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into electrical energy is made of a ceramic disc of 
barium titanate (24 mm diameter; 2.7 mm thick) 
which normally resonates at 1 Mc/s. To this are 
attached, through adhesive joints, two rods of 
aluminium 200 mm long. The whole system then 
resonates at a fundamental of 6.35 kc/s having a 
pressure anti-node at the centre and nodes at the 
ends. It can vibrate in all the harmonics of the given 
frequency, although only those of odd order can be 
used in a microphone, since it is obviously necessary 
that the piezoelectric element should be at a pressure 


anti-node. 


Wavelength 
inair 
(fundamental) 


01cm 


Barium titanate 


Aluminium Aluminium 


Fig. 1. Scheme of microphone a; frequencies 6.35, 19, 32, 
44, 57 and 70 kc/s. 


Fig. 2a shows the microphone described above; 
the one shown in Fig. 2b has a fundamental of 
16.2 kc/s while that of Fig. 2c has a fundamental 
of 5.4 kc/s; the latter is furnished with a cone at 
one end to increase the sensitivity. 


Fig. 2. Photograph of three microphones. 


In order to study the operating characteristics of 
the microphone independently of the structure of 
the sound field, the following procedure was carried 
out. A plane electrode, to which was led an alter- 

nating potential, was put as near as possible to 
one of the terminal faces of the microphone. In this 
way a sinusoidal vibromotive force, of constant 
amplitude and variable frequency, was applied, the 
force being evidently double the frequency of the 
alternating potential. 


SECTION V: ULTRASONIC ELECTRO-ACOUSTICS, 


GIACOMINI, POIANI 189 


Fig. 3 shows the response curve so obtained for 
microphone of Fig. 2a. It is apparent that the micro- 
phone has extremely selective characteristics, and a 
rapid calculation shows that the Q factor, for the 
fundamental, is of the order of 2500. 


8 mV 

36 —| eS 

ie a wa 

& 

S2 H 1 ; + 

seo" 4 Ses oe 

0 20 40 60 80 kc/s 

——= Frequency 


Fig. 3. Response curve of microphone a; abscissae, fre- 
quency of vibromotive force, ordinates, potential 
difference at barium titanate element. 


Some measurements were also carried out in free 
field, with plane waves incident normally on the 
terminal faces of the microphone, resulting in the 
following values of the sensitivity at the fundamen- 
tal: 

microphone a: sensitivity 21.5 mV/dNm~? 

microphone c: sensitivity 74 mV/dNm~, 

Such values, besides demonstrating the high sen- 
sitivity of the microphones, show the advantage of 
the coned end for increasing the sensitivity by 
facilitating the transfer of energy between sound 
field and transducer. 


3, The transducers previously described may be 
inverted, and can then work as loudspeakers. Some 
preliminary experiments have shown a good perfor- 
mance in these conditions and a satisfactory emission 
of sonic energy has been observed. For instance the 
sound intensity at 1 meter distance from transducer 
c, supplied with 50 V, at its fundamental frequency, 
is 110 dB. 


4, From these experiments, and others in pro- 
gress, we can infer that the above described trans- 
ducers can be used either as receivers in ultrasonic 
signalling at short distances in the air or as powerful 
ultrasonic sources. 


References 


[1] Brquarp, P., Rev. d’Acoust. 1 [1932], 93, 315; 2 [1933], 
-288; 3 [1934], 104. 

[2] GerpieNn, H., D.R.P. 449982 [1927]. 

[3] SLAyMAKER, F. H. and Meeker, W. F., Electronics 21 
[1948], 76. 


190 


SECTION V: ULTRASONIC ELECTRO-ACOUSTICS, GUTTNER 


AKUSTISCHE LEISTUNGSBESTIMMUNG WAHREND DER 


ACUSTICA 
Vol. 4 (1954) 


THERAPEUTISCHEN BEHANDLUNG MIT ULTRASCHALL-GERATEN 


von W. GUTTNER 
Siemens-Reiniger-Werke A.G., Erlangen, Deutschland 


Zusammenfassung. Der Strahlungswiderstand von einem zur Wellenlange groBen Schwinger 
ist durch das Produkt aus Wellenwiderstand des Mediums und Abstrahlflache gegeben. Wahrend 
der Wellenwiderstand des menschlichen Kérpers vom Schwinger aus konstant und dem Wasser 
gleich erscheint, kann sich die strahlende Flache bei der therapeutischen Behandlung andern, wenn 
der Schwinger nicht vollkommen den Ko6rper beriihrt. Ein Therapiegerat sollte diesen Méglichkeiten 
begegnen. Eine zweckmaBige Lésung umfaBt die laufende Messung des Strahlungswiderstandes 
wahrend der Behandlung. Von den piezoelektrischen Wandlern eignet sich Lithiumsulfat fiir Therapie- 
schwinger am besten, da die Anpassungsverhiltnisse hier besonders gtinstig sind. Die bei mangel- 
hafter Flachenkopplung auftretenden Anderungen des Wandlerklemmenwiderstandes und der abge- 
strahlten Leistung werden angegeben. Die Abstrahlung vorgewdhlter Leistungen ist nur méglich, 
wenn man die Schwingerwiderstandsanderung dazu benutzt, den Therapeuten darauf aufmerksam 
zu machen, daB er fiir hinreichende Flachenberiihrung zu sorgen hat. 


Summary. Whereas the wave-resistance of the human body when irradiated is constant and equal 
to that of water the effective radiating area of a transducer (at best lithium sulphate) in ultrasonic 
therapy may change during the treatment, so that its radiation resistance ought to be measured while 
it is in operation. When this is done, changes in this factor can be used to warn the therapeutist to 
take care that the radiating surface under the clamp has not changed. 


Sommaire. La résistance de rayonnement d’un vibrateur de grandes dimensions par rapport a 
la longueur d’onde est égale au produit de la résistance d’onde du milieu par la surface de rayonne- 
ment. Alors que, a partir du vibrateur, la résistance d’onde du corps humain parait constante et égale 
a celle de l’eau, la surface rayonnante peut varier pendant le traitement thérapeutique, si le vibrateur 
n’est pas en contact parfait avec le corps. D’ou la nécessité de mesurer en permanence la résistance 
de rayonnement pendant le traitement. Le sulfate de lithium s’est révélé le meilleur des cristaux 
piézoélectriques pour vibrateur d’appareil de thérapie et il est indispensable d’établir un contact 


satisfaisant des surfaces. 


Bei der therapeutischen Einstrahlung von Ultra- 
schall in den menschlichen Kérper ist die Messung 
und fortlaufende Einhaltung einer vorgewahlten 
akustischen Leistung erwiinscht, um dem Arzt die 
Moglichkeit einer reproduzierbaren Dosierung geben 
zu kénnen. Die US-Energie wird von einem elektro- 
akustischen Wandler, meistens vom piezoelektri- 
schen Typ, an das Medium abgegeben. Ein MaB 
fiir die abgestrahlte Schalleistung ist der akustische 
Strahlungswiderstand. Er ist bekanntlich fiir einen 
Wandler, dessen effektiv strahlende Flache S groB 
zur Wellenlange ist, durch 

Ts = 0cS 
gegeben. c und o sind Schallgeschwindigkeit und 
Dichte des bestrahlten Mediums. Er hangt also so- 
wohl vom Wellenwiderstand oc des Mediums als 
auch von der strahlenden Flache des Wandlers ab. 

Das hier vorliegende Medium, der menschliche 
K6rper, ist jedoch weder geometrisch als unendlich 
ausgedehnt, noch durch die eingelagerten Knochen 
als reflexionsfrei zu betrachten; Bedingungen, an 
die die Definition des Wellenwiderstandes gekniipft 
ist. Allerdings ist die Schallschwachung bei der in der 
US-Therapie benutzten Frequenz von ca. 1 MHz 
bereits relativ groB (Halbwertsschicht im Muskel ca. 
3 cm), so daB eine Abweichung des Wellenwider- 
standes nur bei Extremitaten kleiner Lineardimen- 


sionen und bei kleinen Abstanden des Knochens 
von der Hautoberflache zustande kommen kénnte. 
Eine Untersuchung, welche Werte sich fiir den 
Wellenwiderstand von der Wandlerseite bei kon- 
stanter Strahlerflache ergeben, zeigt jedoch, daB er 
fiir den um 1 MHz liegenden Frequenzbereich an 
allen Stellen des menschlichen K6érpers von der Haut 
aus gesehen praktisch konstant und dem des Wassers 
gleich ist [1], d.h., der infolge Reflexion an der 


Riickseite von Extremitaten von der Einstrahlseite — 


aus gesehen und am Knochen bedingte Energieriick- 
wurf auf den Wandler ist bei den iiblichen Schwin- 
gerabmessungen (Durchmesser etwa 10 bis 20 
Wellenlangen) entweder sehr klein oder erfolgt bei 
geringen Linearausdehnungen oder kleinen Ab- 
standen des Knochens von der Hautoberflache in 
solchen Phasenlagen, daB er sich nicht auf die Ab- 
strahlung des Wandlers auswirken kann. Damit ist 
prinzipiell eine Messung und Eichung der abge- 
strahlten Leistung in Wasser méglich, die dann mit 
geniigender Genauigkeit der in den Kérper einge- 
strahlten Energie entspricht. 


Bei der iiblichen Behandlungstechnik wird der | 


US-Schwinger massierend iiber einen bestimmten 
K6rperbezirk bewegt. Wenn man bei dieser Appli- 
kationsart nicht sorgfaltig arbeitet, d.h. eine unge- 
niigende Menge oder Art von Koppelsubstanz be- 
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nutzt oder den Schwinger iiber unebene Kérper- 
stellen bewegt, kann der Wandler mit seiner Ab- 
strahlflache den Kérper unvollkommen beriihren, 
so daB die eingestrahlte Leistung keineswegs mit der 
anfanglich vorgewahlten iibereinstimmt. 

Die vom akustischen Standpunkt selbstverstand- 
liche Forderung, den Wandler bei der Behandlung 
immer in vollstandigen Kontakt mit dem Kérper 
zu bringen, wird vom Arzt haufig nicht geniigend 
beachtet. Er kann deshalb zu unkontrollierbaren 
therapeutischen Effekten kommen. 

Die Forderung an ein Therapiegerat ist also, die- 
sen mangelhaften Flachenberiihrungen des Therapie- 
kopfes mit dem Patientenkérper zu begegnen. Das 
mtiBte sich am zweckmaBigsten durch eine laufende 
Messung des Strahlungswiderstandes wahrend der 
Behandlung erreichen lassen. 

Bei der Auswahl von fiir dieses Frequenzgebiet 
allein in Frage kommenden piezoelektrischen Wand- 
lern stehen die Materialien Quarz, Bariumtitanat, 
Ammoniumdihydrogenphosphat (ADP) und Li- 
thiumsulfat (LSH) zur Auswahl. Wahrend sich 
Quarz seit langer Zeit bewahrt hat, haftet ihm doch 
der Nachteil der kleinen Piezokonstanten (X-Schnitt 
mit e, = 0,16 As/m?) an. Fiir die Erregung des 
Wandlers bendtigt man fiir eine Intensitat von 
3 W/cm? in Wasser etwa 2,7 kV, so daB ein relativ 
starkes und damit unbewegliches Kabel benutzt 
werden mu8B, um die hohe Spannung dem Schwinger 
zuzufiihren. Zwar besteht die Méglichkeit, eine 
Spannungstransformation im Handgriff des Thera- 
piekopfes vorzunehmen, um das Zufiihrungskabel 
mit kleinerer Betriebsspannung zu belasten, doch 
tritt eine unerwiinschte Erwarmung durch die ver- 
lustbehaftete Transformation auf. Bariumtitanat 
(polarisiert) mit einer Piezokonstante von etwa 10 
As/m? hat den Vorteil, daB man fiir die gleiche In- 
tensitat mit einer erregenden Spannung von weniger 
als 100 V auskommt, jedoch sind die inneren Ver- 
luste im Wandler groB, so da Strahlungswider- 
standsanderungen fiir den vorgesehenen Zweck 
nicht genau genug gemessen werden kénnen. ADP 
kommt nicht in Frage, da es sich bis zu Intensitaten 
von 3 W/cm? nicht betriebssicher erregen 148t. Mit 
LSH hat man ein Material, das mit den geringen 
Werten seiner elektrischen und mechanischen Ver- 
luste dem Quarz am nachsten kommt, so daB die 
Strahlungswiderstandsanderungen bei verschiedener 
Beriihrung der strahlenden Flache hinreichend be- 
stimmt werden kénnen. Die Piezokonstante fiir den 
Y-Schnitt betragt etwa 0,85 As/m*. Die benétigte 
erregende Spannung fiir 3 W/cm? liegt bei etwa 
800 V, so daB hier noch ein relativ diinnes Zufiih- 
rungskabel benutzt werden kann. 

Bei einem Therapiekopf wird der LSH-Kristall 

‘auf eine Metallplatte gekittet. Die Abstrahlung von 
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Querkontraktionen wird hierbei weitgehend unter- 
bunden, so daB nur die Longitudinalschwingung des 
Wandlers iibertragen wird. Es resultiert fiir das ge- 
koppelte System eine definierte Resonanzstelle. Die 
Leistungsabgabe wird dann optimal, wenn bei Ab- 
strahlung von der Metallplatte in Wasser und An- 
grenzung der riickwartigen Kristalloberflache an 
Luft ein Druckknoten in die Kittschicht verlegt 
wird. Durch bestimmte Dimensionierung der Metall- 
platte und des Kristalldurchmessers 148t sich eine 
Amplitudenverteilung auf der Abstrahlflache er- 
reichen, die etwa glockenférmig ist. Sie hat eine 
Schalldruckverteilung im Nahfeld zur Folge, die auf 
der Mittelachse des abgestrahlten Schallbiindels um 
etwa + 2,5 dB schwankt (Abb. la). Ebenso ausge- 
glichen sind die Querverteilungen im Nahfeld (Abb. 
1b). 


. Py Mataitting == 5 
8 6 4 iz 0 
cm 
Abb. la. Nahfeld eines Therapieschwingers auf der 
Mittelachse des abgestrahlten Schallbiindels. 
2 1 0 1 2 cm 
Abb. 1b. Querverteilung im Nahfeld unmittelbar vor dem 
Therapieschwinger. 


Die sich in Luft (2) und Wasser (1) aus Briicken- 
messungen ergebenden Ortskurven des relativen 
Scheinleitwertes eines solchen Therapieschwingers 
mit Kabel sind in Abb. 2 wiedergegeben. Aus ihnen 
laBt sich der Gesamtwirkungsgrad nach bekannten 
Verfahren berechnen, der ftir diesen Fall bis 3 
W/cm? etwa 60% betragt. Die effektiv strahlende 
Flache, die zur Angabe der abgestrahlten Intensitat 
erforderlich ist, ergibt sich aus der Richtkennlinien- 
breite im Fernfeld hier zu etwa 7 cm?. 

Eine unmittelbare, laufende Uberwachung des 
Strahlungswiderstandes und damit der effektiv an 
den K6rper angrenzenden Flache des Therapie- 
kopfes wahrend der Behandlung ist nicht ohne 
weiteres méglich. Denkt man sich namlich den 
Wandler aus zwei Teilen aufgebaut, von denen nur 
ein Teil 6 an das zu behandelnde Medium, der 
andere (1-6) an Luft grenzt, so liegen im bekannten 
elektrischen Ersatzbild beide Wandlerteile parallel 
(Abb. 3). Hier bedeutet R,, und R,, den elektrischen 
und mechanischen Verlustwiderstand, R,, den elek- 
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Abb. 2, Ortskurven des Scheinleitwertes eines Therapie- 
schwingers; Frequenz in kHz. 


trischen Strahlungswiderstand fiir das bestrahlte 
Medium und C, die Kapazitat des festgebremst ge- 
dachten Wandlers. Es zeigt sich aber, daB der Teil 6 
nicht mit dem geometrisch an das Medium an- 
grenzenden der strahlenden Flache identisch ist, denn 
die beiden Schwingerpartien sind durch Querkrafte 
miteinander gekoppelt. Die jeweils tatsachlich 
strahlende Flache miiBte experimentell bestimmt 
werden. Eine Berechnung iiber das vereinfachte 
Ersatzbild Abb. 3 ist nicht méglich. Dagegen ist 


6 1-6 


Ry M1-6) 


Abb. 3. Elektrisches Ersatzbild 


eines 
Wandlers bei unzureichender Kopplung an das 
Medium. 


piezoelektrischen 


der an den Klemmen des Wandlers auftretende Ge- 
samtwiderstand der Messung zuganglich. Eine ent- 
sprechende Kurve des Resonanz-Gesamtleitwertes 
ist in Abb. 4 als Funktion der kreisabschnittsweise 
vorgenommenen Benetzung des Therapiekopfes 
wiedergegeben. Aus seiner Anderung 14Bt sich eine 
Uberwachung der an den Patientenkérper angren- 
zenden Flache des Schallkopfes durchfiihren. Da es 
technisch nicht méglich ist, tiber den ganzen Be- 
netzungsbereich eine konstante Leistung abzu- 
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strahlen, kann man der mangelhaften Flachenbe- 
riihrung nur dadurch begegnen, da8 man beim 
Uberschreiten einer bestimmten Schwingerleitwert- 
anderung den Therapeuten darauf aufmerksam 
macht, fiir hinreichende Flachenberiithrung zu sor- 


> 


—— rel. Resonanzleitwert 
NR 


2 - 0 1 


benetzter Teil _ Schwingerradius 
* Ides Schwingers 


Abb. 4. Resonanzleitwert eines Therapieschwingers als Funk- 
tion der kreisabschnittsweise von links nach rechts 
fortschreitenden Benetzung. 


gen. Eine zweckmaBige Lésung besteht darin, daB 
man bei konstant gehaltener Klemmenspannung die 
Stromanderung durch den Schwinger fiir die 
Steuerung einer Relaisbriicke ausniitzt (Abb. 5), die 
ein akustisches Signal auslést. Eine solche Steuerung 
laBt sich speziell beim LSH in technisch einfacher 
Weise verwirklichen, da die Anpassungsverhiltnisse 
hier besonders giinstig sind, wie aus den oben ange- 
gebenen Kenndaten hervorgeht. Gleichzeitig wird 
die Spannung am Wandler auf einen kleinen Wert 
zuriickgeschaltet, damit er nicht iiberlastet werden 
kann, solange ein zu groBer Teil der strahlenden 
Flache an Luft grenzt. Ferner wird die Therapieuhr 
angehalten, so daB nur die Zeit gemessen wird, in 
der die vorgewahlte US-Leistung in den Kérper 
gelangt. Die kleine Restspannung dient nur noch 
zur Uberwachung des Gesamtwiderstandes und gibt 
die Méglichkeit, bei hinreichender Flachenbe- 
riihrung von Schwinger und Patientenkérper die 
Betriebsspannung am Wandler so hoch zu schalten, 
daB wieder die gewiinschte Leistung abgestrahlt wird. 


Abb. 5. Prinzipschaltbild eines Therapiegerates. 


Die abgestrahlte Leistung kann bei verschiedener 
Flachenbenetzung mit einem Strahlungsdruckmesser 
bestimmt werden. Bei kreisabschnittsweiser Be- 
netzung der strahlenden Flache ergibt sich Abb. 6, 
wenn man die erregende Klemmenspannung am 
Wandler konstant halt. Deckt man also einen Kreis- 
abschnitt ab, der etwa bis zum 4uBeren Durchmesser 
der effektiv strahlenden Flache reicht, so ist die 
Leistungsabnahme analog der Leitwertanderung 
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(Abb. 4) verschwindend. LaBt man eine Leitwert- 
anderung von etwa 10% zu, bevor im Therapiegerat 
die erregende Spannung zuriickgeschaltet wird, so 
resultiert eine Leistungsanderung von ca. 2%. Die 
abgestrahlte Leistung ist also im zugelassenen Be- 
netzungsbereich praktisch konstant und kann durch 
Messung der Klemmenspannung bestimmt werden. 


1 


S 
Nn 


—— abgestrahife rel. Leistung 
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enetrten Te Schwingerradius 
des Schwingers 


Abb. 6. Abgestrahlte Leistung eines. Therapieschwingers als 
Funktion der Benetzung bei konstanter Klemmen- 
spannung. 
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Diskussion 

Panup, J. P.: Comment a été étudié le champ acoustique 
dont vous avez montré la répartition ? 

VORTRAGENDER: A l’aide d’une sonde mécanique, qui a été 
décrite récemment par KopPELMANN (Acustica 2 [1952], 
92). 

OsersT, H.: Das zur Messung der Amplitudenverteilung vor 
dem Wandler benutzte Sondenmikrophon nach KoppEL- 
MANN ist am schallempfindlichen Ende schallweich und 
kann deshalb ahnlich wie eine Gasblase in einer Fliissigkeit 
einen relativ groBen Wirkungsquerschnitt haben. Haben 
Sie bei der MeBfrequenz eine Riickwirkung des Mikrophons 
auf den Sender bemerkt? 

VORTRAGENDER: Die Messung der Amplitudenverteilung mit 
einer schallharten Sonde (sensibilisierte Thermonadel) 
lieferte das gleiche Ergebnis, also scheint die Riickwirkung 
gering Zu sein. 

RICHARDSON, E. G.: Kann man in der Ultraschall-Therapie 
mit zwei Wandlern arbeiten, um die Energie an einem Ort 
zu konzentrieren ? 

VORTRAGENDER: Grundsatzlich ist das méglich, aber es ist 
nicht einfach, eine der geometrischen Optik entsprechende 
Konzentration zu erhalten, weil die Wandler mit gleicher 
Phase schwingen miiBten. Will man in gréBerer Tiefe 
einen Fokus erzeugen, dann mu8 man die Schallschwa- 
chung in Kauf nehmen, die bei den therapeutisch benutzten 
Frequenzen um 1 MHz sehr grof ist (Halbwertsschicht 
im Muskelgewebe ca. 3 cm). 


THE DESIGN OF LOW FREQUENCY ULTRASONIC 


TRANSDUCER HOUSINGS 


by P. HATFIELD 
British Nylon Spinners Limited, Pontypool, England 


Summary. Ultrasonic techniques have been developed for detecting internal voids and measuring 
the thickness of rubber products. Low frequency ultrasonic waves from 50 -:- 500 kc/s have been 
used because of the relatively high absorption of ultrasonic waves in rubber. This paper gives practical 
details of transducers and their associated water-tight housings, including suitable rubbers for 
acoustically matching the transducer into a liquid medium, and a simple electrical network for electri- 
cally matching the transducer output into an amplifier. It also describes a transmitting and receiving 
crystal mounted in a common housing for use when only one surface is available. 


Sommaire. Procédés de détection des cavités internes des pieces en caoutchouc et mesure de l’épais- 
seur de ces piéces par les ultrasons (50 4 500 kHz, a cause de l’absorption relativement grande dans 
le caoutchouc). Détails de réalisations des transducteurs, de leur enveloppe étanche 4a l’eau et du 
circuit électrique reliant le transducteur 4 un amplificateur. Emploi d’un cristal émetteur et récepteur 
unique si une seule face de la piéce étudiée est accessible. 


‘ 


Zusammenfassung. Ultraschall-Fliissigkeitswandler im Frequenzgebiet von 50-500 kHz zur 
Verwendung bei der Priifung und Dickenmessung von Gummierzeugnissen werden beschrieben, 
insbesondere Einzelheiten iiber wasserdichte Gehduse, darin angebrachte passende Gummiteile zur 
akustischen Anpassung sowie iiber die elektrische Anpassung. Weiterhin wird ein als Sender und 
Empfanger arbeitender Kristallwandler beschrieben, der verwendet wird, falls nur eine Oberflache 
zuganglich ist. 


1. Introduction 


In the development of ultrasonic methods for 
detecting internal voids in rubber products, parti- 
cularly tyres, great use has been made of 50 kc/s 
frequency steel/quartz crystals for transmitting and 
receiving ultrasonic waves. These crystals mounted 

‘in a suitable housing are immersed completely in 


water for very long periods, and it is essential that 
the crystal housing prevents ingress of water. After 
using a variety of crystal housings, one was designed 
on the principle that if it did leak, it could easily 
be dismantled, dried out, and put back into service. 
In practice this type rarely did leak. 

The main details of the crystal housing are shown 
in Fig. 1 and it can be used for circular or rectangular 
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X-cut crystals. It consists of a brass cylinder and 
tube as shown. The crystal which is made up of 
steel/quartz slabs is approximately 45 mm thick 
and is usually 18 mm in diameter, or 20 x 12 mm? 
in area. One end of the crystal is stuck on to a 
rubber bung 10 mm thick, using Dunlop RD/S 203 
adhesive. The rubber surface on which the steel 
electrode of the crystal is to be stuck is cyclised with 
concentrated sulphuric acid. The adhesive is then 
applied and the two surfaces are lightly clamped and 
placed in an oven at about 40°C. The resultant 
bond strength of the adhesive is well over 40 kg/cm’, 
and there is little chance of the rubber parting from 
the crystal. The normal rubber adhesives for cold 
sticking were unsuitable. 


24 Rapper bung 
Za 
\ 


Z \ 


Crystal 
jee 


Brass holder 


|| 80 Ohm co-axial cable 
j Rubber fi: 
tees s We 


7 R203 adhesive 
Brass washer 
| Jour 


NX 
Noe L=Plug-in-coil 
Fig. 1. Low frequency crystal housing. 


The co-axial cable is brought right through the 
narrow neck of the brass housing and is soldered 
onto the crystal electrodes. The rubber bung and 
crystal are then forced into the brass holder. Usually 
a thin coating of polystyrene solution is painted 
onto the crystal to prevent the possibility of the steel 
electrodes rusting. The crystal is connected by 3 
metres of 80 ohm co-axial cable to its electrical re- 
ceiver or transmitter. Usually 1 metre of the cable 
is under water with the crystal housing. To prevent 
ingress of moisture at the narrow neck of the housing 
or through the co-axial cable covering which is not 
always waterproof, a piece of rubber tubing is placed 
over the cable, and slides over the outside neck of 
the housing. A slight protrusion on the neck forces 
the rubber into tension, and the overlap of rubber 
tubing is held in compression by a metal clip or 
twisted wire. Because the rubber tends to crack when 
held in tension, soft plasticised P.V.C. tubing has 
been used. 

The rubber bung on the front of the crystal can 
be held in position by screwing a brass gland over 
the rubber, but a brass washer should be placed 
between the rubber and the gland to prevent 
distortion of the rubber. 

The choice of rubber for most applications is not 
critical, but its acoustic impedance should be similar 
to that of water. Natural rubber bungs are fairly soft 
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and possess only a small amount of filler. This rubber 
has an acoustic impedance approximately equal to 
that of water, and avoids the necessity of moulding 
a special rubber compounded solely for its acoustic 
impedance. It is interesting to note that both natural 
and synthetic rubbers can be suitably compounded 
to give a rubber in which the velocity of the waves 
varies from 1.0 to 2.0 x 10° cm/s [1]. Adding 
carbon black to rubber increases the velocity, but 
adding iron oxide and other oxide fillers decreases 
it, 

The electrical losses due to the capacity of the 
cable are considerable.and increase with increasing 
frequency. It is not possible because of space, to 
match the high electrical impedance of the crystal 
to the 80 ohm cable in the crystal housing. However, 
the losses caused by the line capacity can be elimi- 
nated by adding a variable inductance and capacity 
in parallel with the other end of the 80 ohm co-axial 
cable as shown diagrammatically in Fig. 1. The 
variable inductance and capacity are mounted in a 
screened box, and coils of different inductance can 
be plugged into the box to cover a wide frequency 
range. It has been found that the 50 kc/s crystals 
will operate satisfactorily at their odd harmonics up 
to 1 Mc/s frequency if the line capacity is eliminated, 

The semi-angle of the cone of radiation from these 
crystals at their fundamental frequency (50 kc/s) is 
approximately 60°. For the practical application of 
detecting flaws in tyres, where a large area has to 
be scanned quickly, one transmitter crystal can be 
used in conjunction with six identical receiving 
crystals placed side by side [2]. 

Soft rubber pads on the crystal faces are useful 
when it is not possible to wet the object under test, 
e.g. ’green”’ tiles in the ceramic industry. Receiving 
and transmitting crystals are placed on opposite 
sides of the object under test and a uniform light 
pressure is applied. If the tile is free of laminar air 
voids then a large amplitude signal can be detected 
on passing ultrasonic waves through the object. If 
the tile possesses a laminer flaw of area greater than 
the crystal area, then no signal is picked up. The air 
gap between the soft rubber and the object is 
negligible, in fact the soft rubber acts practically 
as a liquid contact. 

Housings for higher frequencies have been built. 
The rubber face pad has been dispensed with to 
avoid acoustic losses, but has been replaced by a 
rubber ring. 


2. Common transmitter and receiver crystal 
housing 


A further application of low frequency ultrasonic 
waves is the measurement of rubber thickness by a 
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phase lag method when only one surface is available 
[3]. Here, an identical transmitting and a receiving 
crystal are mounted side by side, and the receiving 
crystal must not pick up direct electrical or acoustical 
signals from the transmitting crystal. 

The area of the crystal faces was 1.2 x 2.0 cm?, 
but could be smaller. The two crystals were mounted 
in a rectangular brass crystal holder approximately 
2.7 X 3.0 X 6 cm*. The crystals were clamped at 
their mid-point, placed side by side, and electrically 
screened from each other and from outside electrical 
radiation. Although the crystals were placed as close 
together as possible, it was essential that the sides 
of the crystals did not touch the brass crystal 
housing; otherwise vibrations would have been 
picked up by the receiving crystal direct from the 
transmitting crystal. A co-axial cable was connected 
to each crystal through a small brass tube as pre- 
viously described. The top and*side of the brass 
crystal housing were removable to facilitate the 
mounting of the crystals. The face of each crystal 
electrode projected slightly from the crystal housing, 
and the crystals were stuck onto a rubber pad 3 mm 
thick to prevent any water getting into them. In 
this application the crystals were not normally 
immersed in water, but the surface of the rubber 
under test was thoroughly wetted. 
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Discussion 
Farren, L. I.: A particular difficulty which is often encoun- 
tered when transmitting ultrasonic waves through a rubber 
sheet into water is the effective wetting of the rubber 
surface. Can the author suggest the surest way of wetting 
a rubber surface. 
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LECTURER: We have found that natural rubber moulded free 
of wax ingredients gives a rubber which wets easily without 
the help of wetting agents in the water. If mould lubricants 
are used when moulding the rubber, particularly non- 
wetting types like silicones, then wetting of rubber is 
difficult. Cast latex films wet very easily, but we haven't 
used them extensively because we can get the natural rubber 
to wet easily. 

FEDERICI, M.: Prof. GIACOMINI has shown that there is of 
course a very effective method of coupling a water-tight 
housing to water with absolute security and that is by 
using //2 plate between the transducer and water. 

LECTURER: Yes, but the crystal holder described is one type 
which was found to be water-tight, easily dismantled and 
easy to make. The holders have been used continuously in 
an industrial process rather than in a laboratory. 

FEDERICI, M.: The measurement of difference of phase, as 
shown, on a cathode ray tube can be improved by including 
a delay network on one pair of plates so that the phase 
difference on the tube is brought to zero; a much more 
exact value of the existing phase difference can then be 
read by calibration of the delay network. 

LeEcTuURER: Later we were proposing to use a phase shift 
meter as described by Farren, L. I., Wireless Engn. 23 
[1946], 330. Also Drs. LAw LEY and RICHARDSON, at an 
earlier meeting in this Congress, described another type 
of phase shift meter. 

Lacey, S. A.: Is it possible to support the transducer at some 
point along the length to reduce shear stress on the rubber 
end. 

LecTuRER: Yes, but this involves practical difficulties in 
making crystal holder waterproof. No difficulty has been 
experienced in sticking one end of crystal to rubber pad. 

Lacey, S. A.: a) Is the coil used for matching or for some 
other novel reason ? Dr. Mason’s book '’Electro-mechanical 
transducers” describes the use of such a coil. b) Has the 
author used the method of measuring echo repetition rate 
or frequency of reverberation (for thickness measurement) ? 
The loss in rubber may be too high for this method. 
c) What is the minimum thickness that can be measured 
by the phase method. 

LECTURER: a) No, we merely mentioned that GEC Research 
Labs had suggested this method to us in 1947. b) Pulse 
method was tried but using commercial equipment, the 
losses in rubber were found to be too high. c) In this 
application about 4 mm (accuracy + 1 mm at 10 mm). 

FLORISSON, CH.: Est-ce-que ces dispositifs a cristaux et 
caoutchouc collés permettent l’émission de puissance assez 
élevée sans se décoller? Par exemple 2 ou 3 W/cm?? 

LECTURER: These crystals and holders have only been used 
for low-powered applications less than 0.5 W/cm? and if 
they were used for high powers, the internal heat in the 
crystal might affect the thermoplastic adhesive between 
the crystal and the steel electrode. 
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THE MEASUREMENT OF PHASE AND INTENSITY IN SONIC AND 


ULTRASONIC FIELDS 


by L. E. LAwLry’and E. G. RIcHARDSON 
King’s College, Newcastle upon Tyne, England 


Summary. A method of recording the phase of a received signal in a system of plane progressive 
waves in relation to another signal of fixed phase is described, with the primary object of measuring 
changes in the velocity of sound, hence of the composition, of a mixture of gases. Recent work in 
ultrasonics is reported in which hot-wires and thermistors have been used for intensity measurements 
in stationary waves or to measure streaming velocities near a quartz generator, to show the usefulness 
of these devices. 


Sommaire. On enregistre la différence de phase entre un signal d’un systéme d’ondes planes 
progressives et un autre signal de phase constante en vue de mesurer les variations de la vitesse du 
son, donc de la composition d’un mélange de gaz. Pour les ultrasons, on a mesuré l’intensité d’ondes 
stationnaires ou les vitesses de courant prés d’un générateur 4 quartz au moyen de fils chauds et des 
thermistors. 


Zusammenfassung. Mit Hilfe einer Phasenmemethode fiir ebene Wellen werden Schallge- 
schwindigkeitsianderungen in Gasgemischen verschiedener Zusammensetzung bestimmt. Weiter wird 
iiber einige neuere Arbeiten zur Messung der Intensitat in stationaren Schallfeldern oder der Stré- 
mungsgeschwindigkeit vor einem Quarz berichtet, wobei Hitzdrahte und Thermistoren verwendet 


werden. 


1. Measurement of phase 


An apparatus has recently been developed in 
which the proportions of a mixture of two gases 
can be determined by an acoustic method. A sample 
of the gas mixture is drawn into a tube about 30 cm 
long in which there is a telephone earpiece emitting 
a 3.5 kc/s note at one end and a crystal microphone 
at the other. If now the gas in the tube is changed 
from one having a velocity of sound V, to one having 
a velocity V, the phase of the voltage at the micro- 
phone shifts by 2df (1/V, — 1/V,), where f is the 
frequency and d the distance between source and 
microphone. 

A method was required in which the relative phase 
shift of the voltage at the microphone could be 
displayed in a manner which could easily be inter- 
preted. The method employed was to amplify the 
microphone output, square it and then differentiate 
it. In another amplifier the same operation was done 
to the sinusoidal voltage applied to the source. The 
two differentiated outputs were then mixed and the 
negative pips cut off, so that a series of positive pips 
appeared, the time interval between which was 
related to the relative phase angle between source 
and receiver. This signal was then applied to the Y 
plates of a cathode ray oscillograph, the time base of 
which was running continuously at the frequency of 
the source and was synchronised to start at the same 
time as the negative differentiated pip from the 
source. The distance d was now adjusted until the 
phase shift for the particular gases concerned was 
just less than 2 2. The display was then as in Fig. la 
when the gas of lower velocity filled the tube. When 


the gas having a higher velocity was introduced, 
one pip moved to the left until it reached the position 
of Fig. 1b when the tube was full of the latter gas. 


a 


3, ® 


Fig. 1. Pulse technique for measuring phase shifts and 
velocity of sound. 


The centre reference pip was used in this case to 
mark a particular mixture which was regarded as 
dangerous. The position of this reference marker 
may be moved along the trace by applying bias to 
the source voltage amplifier and causing asymmetrical 
squaring. This arrangement lends itself easily to the 
application of an automatic warning system which 
operates when the movable pip produced by the 
microphone voltage lies to one side of the reference 
marker. 

Another useful method of displaying the relative 
phase is to produce a circular time base from the 
source output voltage and to apply the two pips 
as brightening pulses. Alternatively the oscillograph 
display could be discarded and a meter output 
obtained from the current through a valve which 
was switched on only during the time interval 
between the two pips. 

The advantage of this method of phase meas- 
urement is that since the signal is amplified to a 
high level before squaring, changes of amplitude 
due to unwanted stationary waves in the tube or 
variation of circuit constants do not produce any 
appreciable effect. 
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The apparatus is being developed for the use of 
higher frequencies and consequent reduction in size. 


2. Measurement of intensity 


For the measurement of intensity, particularly in 
the ultrasonic range, in a fluid, there is a paucity 
of apparatus of electro-acoustic type. One of the 
few pieces of apparatus which is available for this 
purpose is the hot-wire which, when exposed at a 
point in an acoustic field, suffers a drop of tempera- 
ture (therefore, of electric resistance) which can be 
related by a suitable calibration to the sonic ampli- 
tude. 

The hot-wire has been applied in our laboratories 
in a number of ways for the delineation of sonic 
and ultrasonic fields, some of which will be briefly 
described. 

In a stationary wave system, set up, for example, 
between a quartz generator and a solid reflector in 
a gas, it is possible to traverse a hot-wire (heated 
to about 50°C above its surroundings) from end 
to end of the standing wave system, to record the 
steady drop of resistance experienced by the wire 
and so to derive the ultrasonic amplitude at, among 
other places, the nodes and antinodes (Fig. 2). (At 
low frequencies there is also an alternating fluc- 
tuation of resistance at twice the frequency of the 
sound, but at high frequencies this direct effect is 
negligible.) 
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Fig. 2. Stationary wave pattern between a quartz generator 
and a solid reflector. 


From the ”standing-wave-ratio’’ of these ampli- 
tudes either the absorption in the fluid or the im- 
pedance of the terminals of the column may be 
calculated; the position of these nodes gives also 
the ultrasonic wavelength hence the velocity of the 
waves, all without moving the reflector or source. 


3. Measurement of velocity of acoustic streams 


Besides these purely acoustic applications, the 
hot-wire, as is well-known, may be used to measure 
straight-forward flow. One problem to which we 
have recently applied it is a borderline case between 
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ultrasonics and hydro-dynamics, i.e. to the acoustic 
streaming or quartz wind which is set up when the 
generator works at high power into the fluid. Of 
course, in this case, there are both alternating 
(ultrasonic) motions and steady streamings, but the 
effect on the hot-wire of the latter can be made so 
large compared to the former that the instrument 
effectively records only the streaming. In this way 
we have been able to plot out the vortices set up in 
the neighbourhood of the source, operated at large 
amplitudes, and to show how the streaming velocity 
varies with the frequency for different beam widths 
(Fig. 3). This has been done for equal power applied 
to the quartz in several liquids in the hope of relating 
the results to the ‘ultrasonic viscosity’? which 
characterises the differing absorption coefficients in 
liquids. 
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Fig. 3. Streaming velocity as a function of frequency for 
different beam widths. 


It may be pointed out in conclusion that the 
thermistor (heated semi-conductor element) pos- 
sesses advantages over the more familiar heated 
platinum and nickel wire in respect that the element 
occupies less space — it may be a sphere of about 
0.5 mm diameter — and that the sensitivity to 
ultrasonic amplitude or to steady flow is greater, 
because the (negative) temperature coefficient of 
resistance is very high. We have successfully so used 
thermistors in our experiments. 


Discussion 


FarreEN, L. I.: What accuracy of measurement of phase angle 
is achieved? Have the authors considered the use of two 
phase detectors (push pull type) one giving a d.c. output 
proportional to cos m and the other an output proportional 
to sin gy. These outputs may be applied to a crossed coil 
phase indicator (as used in the Decca Navigator) and 
indications greater than 2 may be recorded. 

LECTURER: The exact figure for accuracy of phase indi- 
cation is not known but is probably about 1%. The method 
suggested would be of use only for indicating relative 
phase changes and would not give any advantage for the 
practical application intended. 
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A INCIDENCE OBLIQUE 
par G. MALHERBE 
Laboratoire de Recherches Physiques des A.C.E.C., Charleroi, Belgique 


Sommaire. Dans le contréle ultrasonore des matériaux (surtout dans le contréle des cordons de 
soudure), il y a intéréta attaquer la piéce avec une incidence oblique. La réfraction a l’entrée entraine 
une propagation des différents types d’onde (transversal, longitudinal, superficiel) dans des directions 
différentes. Etude de la répartition de l’énergie entre les différents types d’onde en fonction de l’angle 
d’incidence. Description du dispositif expérimental et résultats obtenus avec différents aciers. 


Zusammenfassung. Bei der Materialpriifung mit Ultraschall arbeitet man oft bei schragem 
Schalleinfall. Die Energieverteilung der verschiedenen bei der Brechung des Strahles auftretenden 
Wellentypen (transversale, longitudinale und Oberflachenwellen) wird untersucht und die Versuchs- 
anordnung sowie einige Ergebnisse werden beschrieben. 


Summary. In the ultrasonic testing of materials (particularly in the testing of soldered joints), 
it is desirable to irradiate the part at an oblique incidence. Refraction at the entrance produces propa- 
gation of different types of waves (transverse, longitudinal, superficial) in different directions. Study 
of the distribution of energy between the various types of waves in terms of the angle of incidence. 
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ETUDE EXPERIMENTALE D’UN TRANSDUCTEUR ULTRASONORE 


| 
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Description of the experimental device and results obtained with various kinds of steel. 


1. Introduction 


Dans certains problémes de contrdle des maté- 
riaux, notamment dans le contréle des cordons de 
soudure, il y a intérét 4 ce que les ultrasons se 
propagent obliquement dans la piéce 4 examiner. 

Considérons deux téles A et B assemblées par un 
cordon de soudure S; la méthode de contréle ultra- 
sonore par échos_permettra de détecter facilement 
les défauts si les ultrasons se propagent obliquement 
comme indiqué sur la Fig. 1. 


Fig. 1. Trajet des ultrasons dans une tdle soudée. 


Pour obtenir cette incidence oblique, la premiére 
solution qui se présente a l’esprit est d’intercaler, 
entre le quartz piézoélectrique et la piece, un coin 
de méme nature que celle-ci; ainsi le quartz serait 
directement incliné de l’angle souhaité. 

Cette solution n’est toutefois pas acceptable; il est 
en effet pratiquement impossible d’intercaler pour 
chaque contréle un coin d’un matériau identique a 
la piéce étudiée. Les mesures de célérité effectuées 
sur différents aciers montrent qu’il ne suffit pas 
d’avoir un coin en acier quelconque, mais d’un acier 
rigoureusement identique a celui de la piéce étudiée. 
Une différence méme faible de la célérité des ultra- 
sons dans le coin et dans la piéce entraine une légére 
réfraction de l’onde ultrasonore et la séparation dans 
la piéce des ondes transversales et longitudinales. Il 
en résulte sur I’écran oscilloscopique une série 
d’échos parasites qui rendent |l’interprétation im- 


possible. Une autre solution consiste 4 prendre un 
coin d’un matériau dans lequel la célérité des ultra- 
sons est nettement différente de la célérité dans le 
matériau 4 examiner. Dans ce cas, les ondes longi- 
tudinales et transversales sont nettement séparées 
dans la piéce et il y a moyen de choisir l’angle du 
coin de telle maniére qu’il n’y ait que des ondes 
transversales dans la piéce: il suffit de choisir l’inci- 
dence de facon que les lois de réfraction appliquées 
aux ondes transversales donnent la condition de 
réflexion totale. 

Le but de cette étude est de déterminer |’angle 
d’incidence pour lequel il n’y a que des ondes 
transversales dans une piéce d’acier, l’amplitude de 
ces ondes étant maximum. 


2. Dispositif expérimental 


Les coins étudiés ont été tirés d’un bloc de Lucite 
(polymétacrylate). 

Une tdle d’acier ABCD de 50 mm d’épaisseur 
et de 400 mm de cétes a été mastiquée dans une 
cuve (voir Fig. 2). 

Les différents coins étudiés sont appliqués sur la 
face BC; les ultrasons sortent de la piéce d’acier 
par la face CD et sont détectés dans la cuve par un 
récepteur orientable (R) monté sur un chariot. 
L’axe de déplacement du récepteur est rendu rigou- 
reusement paralléle 4 la face CD. 

L’orientation, la position sur l’axe du déplace- 
ment et la distance a la face CD étant connues, il 
est facile de déterminer la position du point de sortie 
des ultrasons sur la face CD. Le point d’impact sur 
la face BC étant également connu, on peut cal 
tous les angles de réfraction dés que l’on 
l’angle d’incidence i et les diverses célérités. 
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Fig. 2. Dispositif expérimental. 


L’appareil utilisé pour ces essais est celui que les 
ACEC fabriquent sous le nom de ’’Echosonel”’; fré- 
quences utilisées: 1 MHz et 2,5 MHz. 

La téle d’acier est recouverte sur toutes ses faces, 
sauf sur la face CD et au point d’impact des ultra- 
sons, d’un enduit composé de ciment de fer et de 
graisse et l’intérieur de la cuve est tapissé de caout- 
chouc rainuré, ce qui assure une certaine atténuation 
des réflexions parasites. 


3. Résultats des mesures 


Les mesures de célérité dans les aciers étudiés et 
dans la Lucite ont été effectuées par la méthode des 
échos et par résonance. Le Tableau I donne le 
résultat de ces mesures. 


Tableau I: Célérité des ondes longitudinales en m/s. 


Matiére Echos Résonance Moyenne 
Lucite 2550 +50 . 2570 + 20 2560 
Acier I 5830 + 100 5890 +: 30 5860 
Acier II 5670 + 100 5690 + 30 5680 
Acier III 5430+90 5370+ 60 5400 

Résistance Grosseur grain 
Acier I 40 kg gros 
Acier II 65 kg moyen 
_Acier III 73 kg fin 


Les coins étudiés donnent des incidences de 20°, 
Boe a0 ees 40 5 45°, 50°, 52,5°, 55°; 57,5° et 60°. 

Pour chaque incidence, une exploration compléte 
est effectuée a l’aide du récepteur R et une mesure 
des ondes superficielles est également effectuée a 
l'aide d’un récepteur R., identique a l’émetteur E 
et placé sur la face BC, comme indiqué sur la 
Fig. 2. 

Pour chaque incidence, un graphique analogue a 
celui de la Fig. 3 est tracé. Dans ce graphique, la 
longueur des traits est proportionnelle 4 la hauteur 
de la déflexion observée sur l’écran de l'appareil. 
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Ceci permet de déterminer la position de l’axe 
des faisceaux d’ondes transversales et longitudinales 
et de déterminer l’angle d’ouverture de chaque 
faisceau. 


30° 


Acier I 


214,5 


Fig. 3. Graphique type. 


Le graphique de la Fig. 4 résume les résultats 
obtenus pour l’acier I. La hauteur des déflexions 
caractérise l’amplitude de l’onde. _ 

100mm cal 4 


Ondes superficielles (R) . 
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40° 
—— Angle a’ incidence 
Fig. 4. Transmission des différents types d’onde en fonction 
de l’incidence. 


60° 


Ni la nature de l’acier, ni la fréquence ultrasonore 
utilisée n’ont une influence sensible sur l’aspect de 
ce graphique. Ceci permet de tirer une conclusion 
générale: 

Un transducteur en Lucite, sur une piéce d’acier, 
donne: 

pour une incidence de 60°: uniquement des ondes 
superficielles; 

pour une incidence de 40°: uniquement des ondes 
transversales. 

Dans ce dernier cas, la propagation dans la piéce 
d’acier s’effectue sous un angle d’environ 50° par 
rapport a la normale. 


Remarque: La forme du transducteur doit 
étre choisie de maniére a éviter les réflexions internes. 
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USE OF TEMPERATURE- AND TIME-STABILIZED BARIUM TITANATE 
CERAMICS IN TRANSDUCERS, MECHANICAL WAVE TRANSMISSION 


SYSTEMS AND FORCE MEASUREMENTS 


by W. P. Mason 
Bell Telephone Laboratories, Inc., Murray Hill, New Jersey 


Summary. Barium titanate ceramics can be temperature-stabilized by introducing PbTiO; and 
CaTiO;. Two stable compositions have high electrical and mechanical ’’Q’s’’. Ageing occurs because 
of domain wall motions induced by residual stress. By heating to a temperature under the Curie 
point, faster ageing occurs. External stress causes ageing and high stresses completely depolarize the 
ceramic, producing a charge one third that for single domain crystals. A rate theory accounts for the 
results. ° 


Sommaire. On peut, grace a des additions de TiO? Pb et de TiO* Ca, stabiliser les produits céra- 
miques au titanate de baryum par rapport a la température. Deux compositions stables ont des valeurs 
élevées du Q”’ électrique et mécanique. Il se produit un vieillissement dai aux tensions résiduelles. 
Il est accéléré par chauffage a une température inférieure a celui du point de Curie. Un effort mécani- 
que extérieur produit un vieillissement, et, s’il est important, dépolarise complétement le produit 
céramique. Une théorie rend compte des résultats des mesures. 


Zusammenfassung. Durch Einlagerung von PbTiO, und CaTiO,; kénnen Bariumtitanate tempe- 
raturstabilisiert werden, wobei zwei Zusammensetzungen hohe elektrische und mechanische Giiten 
haben. Durch Restspannungen und auch durch 4uBere Spannungen treten infolge Verschiebung der 
Domanenwande Alterungseffekte auf, die durch Erhitzen noch beschleunigt werden. Starke auBere 


Spannungen depolarisieren das Material vdllig. 


Ceramics made from barium titanate have been 
used extensively in electrical condensers and in 
electromechanical transducers. The properties of 
interest are dielectric, effective piezoelectric and 
elastic constants and these are shown by Fig. 1 for 
commercial barium titanate. These properties change 
markedly at the Curie and second transition tem- 
peratures and are relatively constant between them. 
Many more uses could be satisfied if these properties 
were less temperature-sensitive and if the time 
stability were good. Some of these uses are in force 
measurements, in electrical and electromechanical 
filters and in wave propagation systems. 
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Fig. 1. Dielectric (e), effective piezoelectric (d,,) and elastic 
(E) constants of commercial barium titanate as a 
function of temperature. 


It is well known that additions to barium titanate 
ceramics change the positions of the critical tem- 
peratures. In particular, PbTiO, [1] raises the Curie 
temperature and lowers the second transition tem- 
perature while CaTiO, [2] lowers the second transi- 


tion temperature without changing the Curie tem- 
perature. Neither additant alone gives the charac- 
teristics desired for a filter material, namely tem- 
perature stability and a high ’’Q”’, but it has been 
found that ceramics made from both additants 
produce stable high Q ceramics. Fig. 2 shows the 


BaTi03 PbTiO;  CaTi03 
1) 834 8 86 
2) 798 12 82 
3) 90.3 4 57 
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Fig. 2. Improved temperature stability of titanate combi- 
nations. 


value of Young’s modulus E for a number of com- 
binations measured from — 40°C to + 90°C, 
There are two combinations 80% BaTiO;, 12% 
PbTiO;, 8% CaTiO, and 84% BaTiO;,8% PbTiO,, 
8% CaTiO, whose moduli peak at about 25 °C and 
whose variation is about 0.2% (0.1% in frequency) 
over the normal indoor temperature range. The 
piezoelectric and relative dielectric constants are 
rather stable and have aged values d;, = 2.2 x 10-4, 
ds, = 1.75 x 10" coulomb/newton and e, = 500, 
€3, = 412 respectively for the 84-8-8 and 80-12-8 
combinations. The d;, piezoelectric constants are 
2.6 times dy. The Q’s of the dielectric and elastic 
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constants are 400 and 1600. Hence, these ceramics 
have good enough mechanical and electrical pro- 
perties for use in filters and wave transmission 
systems. 

All of these ceramics show a pronounced ageing 
effect during which the dielectric constant decreases 
from 5 to 20 per cent, the elastic constant increases 
from 1 to 4 per cent, the effective piezoelectric 
constant decreases from 5 to 25 per cent and the 
Q increases by factors as high as three. The lower 
figures quoted are for ceramics containing 4% 
PbTiO;, which age less than other compositions, 
Fig. 3 shows the frequency variations Af of the two 
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Fig. 3. Frequency variation (ageing) of two temperature 
stable ceramics at 25 °C (curves A and B); for com- 
parison curve C at 70°C (extended time scale). 


temperature-stable ceramics as a function of time 
for 25 °C. The frequency follows a formula 


A 
f-h=Kiva (1) 


where K and A are constants and ¢ is the time. 
Ceramics were heated and repoled, and went through 
a similar ageing cycle. This shows that the ageing 
is caused by conditions set up when the ceramic 
becomes ferroelectric. As shown by Fig. 4a, each 
grain has at least six domains with the adjacent 
polarizations at right angles. Since there is an exten- 
sion parallel and a contraction perpendicular to the 
direction of polarization, the domains will not fit 
together unless they are strained. In addition, X-ray 
and temperature expansion measurements show that 
a system of radial tensions exist below the Curie 
temperature.as shown by Fig. 4d. If the adjacent 
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Fig. 4. Concerning the polarization mechanism. 
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domains are of exactly the same size, the stresses are 
balanced and the domain wall will be stationary. 
Actually the grains are irregular in size and have 
residual stresses so that adjacent stresses are not 
equal and domain wall motions will occur by unit 
cells changing direction by 90° until the stresses on 
the two sides of the wall balance. This process is 
probably the cause of dielectric and elastic ageing 
of unpolarized ceramics. On poling, one of the six 
domains reverses direction, leaving a small region 
to minimize electrostatic energy, and also domain 
walls move. This builds up a stress pattern in the 
smaller sized domains, and when the poling voltage 
is removed, the domain walls move back with a 
reduction in the effective piezoelectric constant. 
When a unit cell changes direction, it crosses an 
energy barrier of the type shown by Fig. 4e. Hence, 
the ageing process can be speeded up by heating a 
ceramic to a higher temperature under the Curie 
point. The dashed line of Fig. 3 shows the ageing 
at 70 °C when the time is multiplied by 65.2. This 
factor corresponds to an activation energy of 19 kilo- 
calories (= 80 kJ) per mole. When ceramics were 
aged for three weeks at 70 °C and one week at 25 °C, 
the remaining frequency variation was less than 
0.15%. No further ageing is observable in dielectric 
or piezoelectric constants or in the Q. 
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Fig. 5. Polarization by external stress. Dotted: relation for 
low stresses. Drawn in full: higher stresses and 
hysteresis. 


External stresses applied in the direction of polari- 
zation cause the charge developed to follow initially 
the piezoelectric relation *) Q = d33T 3, but for high 
stresses the charge is larger and becomes asymptotic 
to5.7 x 10-® coulombs/cm?*,one-third the saturation 
charge for a single domain crystal (Fig. 5). This is the 
result of depolarizing all the Z unit cells by changing 
the shape as shown by Fig. 5b. When one takes the 
stress off (return curve of Fig. 5), the ceramic 
becomes partially depolarized. A constant stress of 
3.5 < 107 newtons/meter? causes a decrease in the 
piezoelectric constant as shown by Fig. 6. This is 
caused by domain wall motions which cut down the 
size of the polarized domains. 


*) The symbol Q is used both for quality and for charge! 


0 20 


40 

—~ lime F 

Fig. 6. Decrease of piezoelectric constant at 25°C by a 
constant stress of 3.5 x 107 N/m*. 


A rate process theory has been developed which 
agrees well with the measured data. The frequency 
equation (1) results if the stress difference in adjacent 
domains is equal to T3,, (X/L)* where X/L is the 
ratio of the distance of the domain wall from its 
equilibrium position to the domain size and T.3, 
is the stress necessary to squeeze the tetragonal- 
shaped unit cell to a cubic form. The rates of ageing 
due to impressed and residual stresses are consistent 
with the activation energy of 19 kilocalories (—80 kJ) 
per mole measured by the relative ageing rates. 
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Discussion 


FLorIsson, C.: If I understand correctly, for applications it is 
advantageous to use these ceramics containing high doses 
of Ca and Pb titanates, to make them more stable with 
time. 

LECTURER: Yes; ceramics whose critical temperatures are 
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outside of the operating temperature range are less subject 


to thermal hysteresis effects. Furthermore, the internal — 


losses are less. 

Fepericl, M.: I should like to have it quite clear that ageing 
is best done at a higher temperature (70°C) than at a 
lower one. 

LeEcTuRER: Yes; the higher temperature causes an increase 
in domain wall velocities by a factor of 65 to 1 and a faster 
ageing. 

Brown, R. E. C.: When used as a delay element, what is the 
loss between input and output circuits? 

Lecturer: The losses are from 20 tot 30 dB, depending on 
the mode and manner of driving. 

SkupDrRzyK, E.: What is the shortest pulse that could be stored 
in a barium titanate-memory cell as used in electronic 
calculators? ~ 

LECTURER: Memory cells are usually made from single crystals 
rather than the ceramics discussed in this paper. Their 
storage time is 1 ys or less as discussed by J. R. ANDERSON, 
Electr. Engng., 71 [1952], 916. 

Lams, J.: Do you have any information concerning the 
possible effect of absorbed water vapour in the ceramic 
on the mechanical and dielectric properties. 

LecTuRER: With densities of 93% or higher of the crystal 
density, the porosity is very low and the effect of water 
vapour on the dielectric constant is small. 

Noptvept, H.: How does the frequency-stability with tempe- 
rature of permendur, where coupling coefficients of 40% 
may be reached, compare with barium titanate with 
coupling coefficients of 20% ?’ 

LecturER: High coupling permendur does not have as good 
temperature coefficients as the stabilized barium titanate 
and furthermore is limited in frequency by microeddy 
current effects. 

FARREN, L. I.: In view of the great possibilities of improved 
design of electrical filters due to the high electromechanical 
coefficient of barium titanate and its variations (as compared 
with quartz), is the stability of the material ever likely to 
be made good enough for this purpose ? 


Lecturer: The titanates in their present form are not nearly 


as stable as quartz. They are stable enough to be considered 
for certain types of filters and on account of their low 
cost may be used in certain filter structures. 


AN ACOUSTIG WAVE GUIDE LENS FOR USE IN LIQUIDS 


by H. Néptvept 
Norwegian Defence Research Establishment, Horten, Norway 


Summary. A short treatment of sound propagation between parallel, completely resilient plates 
is given. The phase conditions inherent in a medium of this kind make it possible to construct acoustic 
lenses in liquids. Measurements of the frequency characteristics of a set of plates show a high-pass 
filter response, in agreement with theory. The data for a lens to be used in water at 30 kc/s are given, 


and its directive properties presented. 


Sommaire. 


On étudie bri¢vement la propagation du son entre des plaques paralléles, parfaitement 


élastiques. Les conditions de phases régnant dans un milieu de ce genre rendent possible la réalisation 
de lentilles acoustiques dans les liquides. D’aprés les résultats de la mesure des caractéristiques en 
fréquence d’une série de plaques, celles-ci se comportent comme un filtre passe-haut, conformément 
a la théorie. On donne les caractéristiques de la lentille 4 employer dans l’eau pour 30 kHz, et on 


indique les propriétés directives de cette lentille. 


Zusammenfassung. Die Schallausbreitung zwischen vdéllig schallweichen Platten wird kurz be- 
handelt. Die Phasenverhiltnisse in einem solchen Medium gestatten die Konstruktion einer akusti- 
schen Linse in Fliissigkeiten. Durch Messungen an einem Satz schallweicher Platten wird der Hoch- 
paB-Charakter in Ubereinstimmung mit der Theorie bestatigt. Fiir eine Wasserschall-Linse bei 
30 kHz werden einige Daten und die Richtwirkung angegeben. 
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1. Introduction 


The problem of concentrating sound energy into 
narrow beams is very similar to the corresponding 
problem in the electromagnetic short wave field. The 
mathematical methods used are in many cases iden- 
tical and, in some cases, the same physical device 
may even satisfy the requirements in both fields if the 
wavelengths involved are the same. To achieve 
narrow beams, lenses of various types have been 
introduced. Kocu [1], [2], [3], Brown and Jones 
[4] and others give descriptions of electromagnetic 
and acoustic lenses based on path-length differences, 
a symmetrical arrangement of perfectly reflecting 
obstacles and, in the electromagnetic case, also on 
the phase conditions inherent in wave guides con- 
sisting of parallel, perfectly conducting sheets. 

While the two former principles both have electro- 
magnetic and acoustic versions, the wave guide 
action does not lend itself to acoustic application 
as long as only gases are considered as media of 
propagation. In liquids, however, the determining 
physical constants are such as to make lenses of this 
type very practical and easily constructed. 


2. Wave propagation between parallel plates 


We assume that plane sound waves of a single 
frequency, with the wave front parallel to the Y-axis, 
fall upon a number of parallel plates of negligible 
thickness (Fig. 1). The plates are spaced a distance 
a apart, and they are assumed to have an infinite 
extension in the Y-direction. They are, further, 
supposed to be made of completely resilient material, 
such that the acoustic impedance of the plates is 
negligible compared with that of the medium. The 
wave equation for the propagation between the 
plates, takes the form: 

Cb PD 1 &@ 
Ox? dz? st? 
the solution of which is: 


@ = pay A,,Sin ky nx (Be el H2m2 A C,e 12m?) A 
pe (2.2) 


(2.1) 


jolt 


where Ree ha — Kk —{(o/c)?. 


Incident 
waves 


Fig. 1. Waves incident on a set of parallel plates. 


’ If, as is assumed, the plates are completely resi- 
 lient, the sound pressure, p = 90M/dt, must vanish 
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at the walls, i.e. for x = 0 and x = a. This defines 
the eigenvalues as: 


Kim = mM oe (m = 1,2,3, a) 


VE 
c a 
In order to allow propagation in the Z-direction, 
Kom must be real, and consequently for each value 
of m, the minimum frequency for which transmission 
will take place, is given by: Wm = mcz/a. As the 
frequency is increased, more modes will be trans- 
mitted corresponding to m = 1,2,3,-:- The wave- 
lengths corresponding to the different limiting fre- 
quencies are found from: w,,/2 7 = fm = mc/2a = 
=C/Am, where A, = 2a/m. The longest wavelength 
to be transmitted is thus twice the distance between 
the plates. The zero order mode does not appear 
in the solution, since it cannot be sustained by the 
resilient walls. 
The phase velocity of the mth order mode is 


found from: 
Om Cc 
Pa Kom Ne \ i aM 
Fi 
f 


For every incoming wave of a certain frequency 
there will be a certain number of modes propagated, 
corresponding to the limiting frequencies. For modes 
higher than a particular number m, no energy will 
be propagated, but the so called evanescent waves 
will appear. These evanescent waves are made up 
of exponentially decaying pressure and velocity 
fields, and they are attenuated very quickly. When 
designing lenses, the spacing between the plates is 
chosen such that only one mode is being propagated. 


(2.3) 


(2.4) 


vz 


3. Lens design 


The phase conditions inherent in the plate me- 
dium, as shown by eq. (2.4), make it possible to 
construct lenses in liquids, where materials with 
negligible acoustic impedances, compared to the 
medium, can be found. The conditions for equiphase 
at the line a-a from a sound source at P in fig. 2, 
leads to the formula for the inner surface of the 
lens, if the outer surface is plane: 

xe—2(1 —n)fz—(U —n’)2=0 (3.1) 
where n = refractive index = c/v,, and f; = focal 
length. 

Apart from determining the ’’optical” properties, 
the refractive index is also included in the expression 
for the input impedance and consequently deter- 
mines the minimum length for which the evanescent 
waves may be neglected. It is also of importance 
when the reflections at the entrance to the lens are 
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considered. These reflections are extremely complex. 
The corresponding problem of reflections of short 
electro-magnetic waves from metallic plate media 


has been treated by CARLSON and Hetnz [5], BERZ 


[6] and WHITEHEAD [7], and the procedure may 
without alterations be transferred to the acoustic 
field. The practical conclusions are that the entrance 
reflections are ’’optical’”’ and small (less than 10% 
of energy) as long as the angle between the incident 
waves and the normal to the plate medium is less 
than a so-called critical angle. This critical angle 
depends on the refractive index. For greater angles 
of incidence, higher order reflections occur, and the 
efficiency of the lens deteriorates. 
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Fig. 2. Lens design at 30 kc/s. Focal length = 40 cm, re- 
fractive index = 0.6, plate spacing 3.13 cm. 


The data for the cylindrical lens used in the 
present case are given in Fig. 2. The sound source 
(feeder) has a dimension in the plane of interest of 
one wavelength and consequently a half value angle 
of 25°, This gives good covering of the lens aperture. 


4. Measurements 


To measure the transmission properties of a plate 
medium, 10 plates with dimensions 10 cm x 30 cm 
were cut from 0.2 cm thick sorbo rubber. They 
were mounted parallel in a frame, and this frame 
was then inserted between a sound source and a 
small sound receiver. The distance from the plates 
to the receiver was kept small to prevent pick-up 
due to refractions round the plates. The frequency 
response of source and receiver was measured with 
and without the plate medium inserted and the 
transmission characteristics of the plates worked 
out. Figs 3a and b show the attenuation versus 
frequency. The theoretical cut-off frequencies 
marked are seen to agree with measured values. 
Since the dimensions of the plate medium at the 
lower frequencies are only two or three times the 
wavelengths, the signals picked up by the micro- 
phone at these frequencies may be due to refraction. 

Next, the directive properties of the lens given in 
Fig. 2 were measured at 30 kc/s. The feeder, which 
was a magnetostrictive transducer with a vibrating 
area of 5 cm X 25 cm, was first placed in the lens 
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Fig. 3. Transmission characteristics for plate media. 
a) Plate spacing 3.2 cm, theoretical cut-off frequency 
23.5 kc/s; 
b) Plate spacing 2.2 cm, theoretical cut-off frequency 
34 -ke/s. 


axis at the focal point. The polar diagram was then 
measured as shown in Fig. 4 where also the polar 
diagram of the feeder alone is plotted. The increase 
in gain was measured to 6 dB, as compared to a 
theoretical value of approx. 7.8 dB. It must be 
assumed that a certain loss of energy occurs along 
the passage between the plates, and in addition 
some energy is reflected at the surface of the lens, 
such that the agreement is reasonably good. It should 
be possible to reduce the loss due to reflections at the 
lens surfaces, by inserting impedance matching plates 
whose characteristic impedances are the geometric 
mean of the impedance in the medium and the lens 
impedance. Rubber with the required properties is 
available, but it is likely that inner frictional losses 
in these matching plates will make the additional 
gain negligible, or even reduce it. 


Fig. 4. Measured directivity curve of lens at 30 kc/s. Plate 
spacing 3.13 cm. Dotted curve shows directivity of 
feeder alone. 


The influence of moving the feeder off the axis 
was then measured. Keeping the focal length, the 
feeder was displaced 3 cm on either side of the 
plane of symmetry of the lens and the polar diagrams 
were plotted. The results are shown in Fig. 5 and, 
as will be seen, no major change occurs in the main 


i tee i 
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lobe. The secondary lobes, however, show a certain 
increase. The same effect was noted when the feeder 
was moved along the lens axis. 


Fig. 5. Directivity curves of lens when feeder is displaced 
3 cm to the right (resp. to the left) of the lens axis. 


SECTION V: ULTRASONIC ELECTRO-ACOUSTICS, PAHUD 


205 


References 


[1] Kock, W. E., Proc. Inst. Radio Engrs. 34 [1946], 828. 

[2] Kock, W. E., Bell Syst. tech. J. 27 [1948], 58. 

[3]Kocx, W. E., Proc. Inst. Radio Engrs. 37 [1949], 852. 

[4] Brown, J. and Jones, S. S. D., Electronic Engng. 22 
[1950], 127. 

[5] Cartson, J. F. and Herz, A. E., J. appl. Math. 4 [1947], 
313. 

[6] Berz, Feodora, J. Instn. electr. Engrs. 98 [1951], 47. 

[7] WuiTEHEAD, E. A. N., J. Instn. elect. Engrs. 98 [1951], 
133. 


Discussion 


BRITTAIN, F. H.: At what angles of incidence will total reflec- 
tion occur ? 

LecTurRER: Total reflection in the optical sense does not 
occur, but at angles of incidence greater than the critical 
value, higher order reflections appear which seriously 
reduce the efficiency of. the lens. The critical angle of 
incidence varies with the refractive index and will for 
instance increase from 25° to 65° when the refractive 
index is decreased from 0.7 to 0.3. The entrance reflections 
will however also increase with decreasing refractive index 
due to increasing mismatch. 


ETUDE EXPERIMENTALE DU CHAMP DE TRANSDUCTEURS 
ULTRASONORES FOCALISANTS 


par J. PH. Panup 
Laboratoire de Recherches Physiques des A.C.E.C., Charleroi, Belgique 


Sommaire. Etude au moyen d’une sonde thermoélectrique du champ rayonné dans l’eau aux 
fréquences 0,5, 1, 2, 3 et 4 MHz par des transducteurs munis de pavillons focalisants biconiques. 


Zusammenfassung. Anwendung einer thermoelektrischen Sonde zur Untersuchung eines von 
fokalisierenden doppelten Hohikegeln erzeugten Ultraschallfeldes in Wasser bei den Frequenzen 


0,5, 1, 2, 3 und 4 MHz. 
Summary. 


Use of a thermoelectric probe to study the field radiated in water at 0.5, 1, 2, 3 and 


4 Mc/s by ultrasonic transducers with biconical focussing horns. 


On sait que si l’on munit une source ultrasonore 
d’une piéce ayant la forme de deux troncs de cone 
accolés par leurs sections de petit diamétre (Fig. 1 
et 2), on obtient une focalisation du faisceau d’ultra- 
sons autour d’un foyer F: cet effet résulte de la 
double réflexion des rayons issus de la couronne 
AB-CD de la source S. BARONE [1] a décrit récem- 
ment de tels dispositifs et a indiqué la fagon de cal- 
culer des ’’pavillons”’ de ce type. Le calcul est basé 
sur des considérations d’acoustique géométrique et 
n’est valable par conséquent que lorsque la longueur 
d’onde est petite par rapport aux dimensions du 
pavillon, c’est-a-dire pour des ultrasons de haute 
fréquence. Nous avons construit deux pavillons, de 
distance focale théorique 18 mm et 91 mm et nous 
avons étudié le champ acoustique qu’ils fournissent 
dans l'eau lorsqu’ils sont montés sur des transduc- 
teurs piézoélectriques (quartz X) travaillant aux 
fréquences 0,5, 1, 2, 3 et 4 Mc/s. 

Nous avons utilisé pour cela une sonde thermo- 
électrique perfectionnée (’’Microsonel’’, brevet A.C. 


N 
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Fig. 1. Transducteur muni d’un pavillon focalisant biconique. 
Distance focale théorique = 18 mm. 
S = source; F = foyer. 
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E.C.) dérivée de la sonde décrite par Pinoir [2]. 
Elle se compose d’un thermocouple cuivre-con- 
stantan dont la soudure ’’chaude”’ est enrobée dans 
une sphérule de matiére absorbant les ultrasons 
(polyester Marco 28), tandis que la soudure ’’froide’’ 
est placée au voisinage immédiat de la soudure chaude 
et baigne dans le milieu de propagation, contraire- 
ment a la technique usuelle des mesures thermo- 
électriques ott la soudure froide est plongée dans 
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Fig. 2. re ataeue muni d’un pavillon de distance focale 
théorique 91 mm. 
S = source; F = foyer. 
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de la glace fondante. Cette disposition a l’avantage 
de rendre la force électromotrice du thermocouple 
indépendante des fluctuations de température d’ori- 
gine étrangére et de la faire dépendre uniquement 
de la différence de température entre le milieu de 
propagation et la sphérule qui s’échauffe en absor- 
bant les ultrasons. Un microtube en acier inoxydable 
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Fig. 3. 


SECTION V: ULTRASONIC ELECTRO-ACOUSTICS, PAHUD 


80 100 120 uO 160 180 


2 10 120 WO 160 160 


800 mV 


80 100 120 140 60 180 


ACUSTICA 
Vol. 4 (1954) 


assure A la fois la rigidité mécanique de la sonde et 
le blindage électrique du circuit, La sphérule a un 
diamétre de 1 mm, la distance entre les soudures 
est de 5 mm, les fils de cuivre et de constantan ont 
un diamétre de 0,1 mm, celui du microtube est de 
0,8 mm. On a ainsi une sonde extrémement réduite 
qui d’une part permet de faire des mesures ponctuel- 
les et qui, d’autre part, ne perturbe pas le champ 
acoustique. La force électromotrice qui prend nais- 
sance entre les soudures, de l’ordre de 10-° V, est 
amplifiée par un amplificateur 4 courant continu 
PERKIN-ELMER, ce qui nous a permis d’atteindre 
une trés bonne sensibilité jointe 4 une bonne 
stabilité. 

La sonde est fixée 4 un dispositif de chariotage 
qui permet de la déplacer dans le champ. On a 
relevé au préalable la loi suivant laquelle la force 
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Fig. 3 et Fig. 4. Exploration du champ acoustique suivant l’axe du faisceau ultrasonore et suivant une direction 
perpendiculaire 4 l’axe, au droit du foyer réel. 
avec pavillon; ---------- sans pavillon. 
Dans les diagrammes d’exploration transversale, l’axe géométrique du faisceau se situe 4 l’abscisse 10 mm. 


Fig. 3 : f = 18 mm; foyer théorique 4 63 mm de la source. 
Fig. 4: f = 91 mm; foyer théorique 4 156 mm de la source. 
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électromotrice fournie par le thermocouple dépend 

de l’intensité ultrasonore, mesurée en valeur relative 

par le carré de la tension HF appliquée aux faces 
du piézoquartz. Cette caractéristique a été relevée 

a chacune des fréquences utilisées, car l’absorption 

de la sphérule dépend de la fréquence. 

L’étude a porté sur deux transducteurs équipés 
des pavillons mentionnés plus haut. Les transduc- 
teurs étaient montés dans la paroi d’une cuve anti- 
reflet remplie d’eau, les quartz ainsi que les pavillons 
étant aisément interchangeables. Nous avons procédé 
4 une exploration suivant l’axe du faisceau ultra- 
sonore, ce qui nous a permis de localiser le foyer; 
puis suivant une direction perpendiculaire a 1l’axe et 
passant par le foyer. Aprés chaque exploration, nous 
avons démonté le pavillon et relevé, suivant les 
mémes axes de déplacement, le champ rayonné par 
‘le transducteur privé de la piéce focalisante. 

Les Fig. 3 et 4 récapitulent les résultats obtenus 
et illustrent les conclusions suivantes: 

1. L’effet focalisant des pavillons 4 double tronc de 
céne est trés net. 

2. Pour le pavillon 4 courte focale, le foyer est bien 
localisé 4 l’endroit calculé. Sa position est indé- 
pendante de la fréquence, sauf 4 0,5 Mc/s ot la 
distance focale est plus courte que prévu. 

3. Pour le pavillon 4 grande focale, le foyer n’est 
a l’endroit calculé que pour la fréquence de 4 
Mc/s. Quand la fréquence diminue, le foyer se 
rapproche du pavillon en méme temps que sa 
structure se complique de maxima secondaires, 
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Discussion 


BRADFIELD, G.: An alternative method which we have found 
highly effective for focussing ultrasonic energy has been 
indicated in Fig. 2C of the General Review which illustrates 
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a barium titanate toroid faced by a concave mirror (air- 
backed) so that the beam is concentrated through the centre 
of the toroid. Very intense bearns can be so produced and 
the troubles mentioned by the author from large side lobes 
do not seem to arise. 

CONFERENCIER: There are many other methods to concentrate 
ultrasonic energy, and the one indicated by Mr. BRADFIELD 
has the advantage of giving a real focus and not a focal zone 
such as the method described in the paper. 

Porani, G.: Est-ce que vous n’avez pas eu des perturbations 
électrostatiques dans vos mesures? 

CoNFERENCIER: Non, car le blindage électrostatique était assuré 
par l’eau, qui est bonne conductrice, et par le microtube 
d’acier, qui entourait les fils du thermocouple. Mais nous 
avons observé des perturbations sérieuses lorsque la soudure 
froide était mal isolée; ces perturbations sont dues au 
potentiel de contact entre l’eau et le métal. 

Levi, F. A.: a) Was the device able to detect the fine structure ? 
There was of course an integration on the absorbing drop. 
b) How was it possible to see that no diffraction was respon- 
sible for the irregularities of the longitudinal intensity 
diagram ? 

CoNFERENCIER: a) The device was able to detect standing waves 
of 0.75 mm interspace, although with a smoother curve 
due to integration on the drop. With such a ’’separating 
power”’ it should be possible to detect the fine structure 
resulting from the two beams intersecting obliquely in the 
focal zone. This fine structure was not observed, though 
the theoretical interfringe with the 91 mm double cone at 
4 Mc/s was 1.7 mm. The fine structure seems to be disturb- 
ed by other phenomena which are responsible for the irregu- 
larities in the axial repartition of intensity. b) By calculating 
the diffraction from the smaller section of the double cone. 
The reason for the irregularities is the diverging of the beam 
from the crystal. We are here at the limit of validity of 
geometrical acoustics and the only correct method is to 
solve the partial differential equations with the boundary 
conditions on the conical surfaces. 

FLoRISSON, C.: a) Les cénes sont-ils 4 double enveloppe remplie 
d’air ? b) Je signale qu’avant PinoiR, le Professeur DoGNon, 
vers 1932, employa le couple avec sphérule absorbante dans 
les mesures de champs ultrasonores. 

CoNnFERENCIER: a) Non, en laiton plein, qui sous ces incidences 
donne la réflexion totale. b) La méthode du thermocouple 
sensibilisé par un absorbant a été utilisée depuis longtemps 
par maint chercheur, mais seuls PINoIR et nous prenons 
comme référence la température de l’eau au voisinage 
immeédiat du point de mesure. 


SOME INDUSTRIAL APPLICATIONS OF ULTRASONICS 


by R. W. Samset, G. E. Henry and R. O. FEHR 
General Electric Co., Schenectady, N.Y., U.S.A. 


Summary. Today cleaning of small metal parts is the most important application of high power 
ultrasonics in industry. Studies have been made to determine the requirements of intensity and 
exposure time for cleaning operations. An adequate transducer has been built and installed in a 
factory. A probe, consisting of a thermistor imbedded in a small plastic sphere, has been developed 


for measuring intensity. 


Sommaire. Application d’ultrasons de grande puissance dans l'industrie: nettoyage des pieces. 
Dans ce cas on a déterminé l’intensité sonore et la durée de traitement nécessaire. On a construit 
4 cet effet un générateur d’ultrasons, Pour mesurer l'intensité, on a mis au point une sonde ther- 
mistor noyé dans une petite sphére en matiére plastique, qui absorbe l’énergie ultrasonore et la con- 
A vertit en chaleur: la température est proportionnelle 4 l’énergie ultrasonore absorbée par la sonde. 
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Im Gegensatz zu Ultraschallgeraten geringer Leistung finden solche mit 


groBerer Leistung bisher in der Industrie noch wenig Anwendung, ausgenommen zur Reinigung von 
kleinen Metallteilen. Die hierfiir notwendigen Intensitaten und Beschallungszeiten werden untersucht. 
Zu diesem Zweck ist eine Sonde zur Messung der Schallenergie entwickelt worden, die aus einem in 
eine kleine Kunststoffkugel eingebetteten Thermistor besteht, dessen Temperatur der in der Kugel 


absorbierten Energie proportional ist. 


1. Introduction 


In the field of electrical engineering, a distinction 
is made between power applications and application 
for communication or measurement purposes. A 
similar division may be made in the field of ultra- 
sonics. One area of operation, that of communi- 
cation, signalling, and gaging, includes such appli- 
cations as flaw detection, thickness measurement, 
and measurement to determine some of the charac- 
teristics of liquids. These applications have been 
put to practical use many years ago, and their usage 
is well-established. Many suggestions for the use of 
high power ultrasonics have been made such as 
cleaning of metal parts, cleaning of fabrics, smoke 
precipitation, and mixing of paints. However, in 
the class of power applications to date, cleaning of 
small metal parts is the only one in general use in 
industry in the U.S.A. Possibilities for this appli- 
cation are very good since there is hardly a manu- 
facturing process where cleaning is not required. 


2. Effect of ultrasonic energy 


Early experimenters have found that ultrasonics 
makes possible the production of emulsions which 
are difficult to obtain by other means, such as oil 
in water, mercury in water, etc. It was found by 
tests that a particularly good effect was obtained 
when the layer of, for example, oil on water was very 
thin. This probably led to the well-known demon- 
strations of cleaning fabrics by ultrasonics. 

The idea of cleaning of fabrics by means of 
ultrasonics was carried over to metal surfaces. The 
mechanism of this effect, however, is probably 
different. Many different kinds of solvents can be 
used. Oil is soluble in many of these agents. Hence 
it is believed that the dispersion effected by in- 
sonation accounts for the improvement in cleaning. 


3. Energy, frequency, and time requirements 


Tests have been conducted to determine the energy 
and also the time necessary for the cleaning opera- 
tion. Metal parts with grease or grinding compounds 
were placed in the solvent bath insonated by an 
ultrasonic generator. In the early stages of this work, 
the relative intensity was determined by reading the 
plate current. The degree of dirt removal was ob- 
served, and rated by an observer; time was also 
noted. Curves were obtained of degree of cleaning 


vs. intensity for a constant exposure time. These 


curves are S-shaped. It appears from these curves — 


that good cleaning is obtained when cavitation 
occurs. The energy level at which the slope of this 
curve changes is very close to the plate current value 
where intensive agitation was just observed. 

These tests were conducted at frequencies of 
300, 500, and 1000 kc/s. Within this range no 
frequency influence was observed. A magneto- 
strictive transducer of a frequency of 30 kc/s was 
used also for these tests. As expected, cavitation 
occurred at the surface of the transducer, and pre- 
vented energy flow into the other parts of the 
cleaning fluid. The cleaning effect was negligible. 
The level at which cavitation occurred was changed 
by pressurization. Again no good cleaning action 
was obtained as long as cavitation did not occur. 
Some cleaning action could be determined when the 
pressure was just about sufficient to suppress cavi- 
tation. Then apparently some cavitation occurred 
in places other than the transducer surface. 


4, Application 


One serious problem in industry is the removal 
of grinding compound froma surface. This is particu- 
larly difficult when the grinding compound has not 
been removed shortly after the operation but has 
had a chance to ’’cake”’, particularly in corners. An 
example in this case is the head of an electric shaver. 
The inner surface of the outer head has to be 


carefully ground to match the outer surface of the © 
inner head. Caking of the compound occurs between 


block and wrapper as shown in Fig. 1. Vapour 


Fig. 1. Head of an electric shaver. The wrapper is tack 
welded to the block after being slotted and crimped 
to shape. The space between wrapper and block is 
practically zero, due to smoothness of both parts. 
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degreasing did not take off this deposit. Removal 
had been possible only by means of careful brushing. 
Ultrasonics removed the compound after an in- 
sonation of only 10 s. 

Cleaning often limits the size of the grinding 
compound used. In some cases, finer compound is 
desired but is not used because it is so difficult to 
remove. Here the application of ultrasonics makes it 
possible to go to this finer compound and thus to 
reduce the surface roughness. This technique has 
been applied successfully to the manufacture of 
refrigerator compressor parts. Other applications for 
ultrasonic cleaning may be found in the manufacture 
of ball bearings, electronic tubes, cameras, electric 
clocks, etc. 


5. Transducer 


The transducer used consists of a quartz crystal, 
which radiates into a water or weak saline solution 
(Fig. 2). The energy is transmitted through the 
solution, and into the solvent through an acoustic 
window consisting of a stainless steel diaphragm 
0.075 mm thick. The water or saline solution acts 
as one of the electrodes. It has been found that for 
continuous application, this type of electrode is 
more reliable than a metal coating directly applied 
to the crystal surface. It should be noticed that the 
acoustic window is not parallel to the crystal surface. 
It has been experimentally shown that a better 
energy transfer is thus obtained. Some work on this 
general problem has been published by R. D. Fay 
(J. acoust. Soc. Amer. 25 [1953], 623). 

The crystal itself is placed in transformer oil to 
permit the application of the rather high voltages 
necessary for the operation. Details are shown in 
the photograph of Fig. 3. Sealing of the crystal is 
done by neoprene 0-rings. 

For the application mentioned above, the solvent 
is contained in a long and narrow trough, The 


Cleaning action 


Contaminated takes place here 
solvent drains Conveyor Freshly distilled 
by gravity chain travel solvent enters here 


Solvent bath 


"Acoustic window" 


Water or weak | (thin metal diaphragm) 


Saline solution ; 
Transformer oil 


Quartz crystal 


Vice plate (held by 
screws not shown 
Jn diagram) 


| Power supply 


Fig. 2. Simplified schematic view of acoustic portion of the 
ultrasonic cleaning machine. 
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Fig. 3. Transducer. 


parts to be cleaned are attached by hooks or by 
magnets to a conveyor belt, which dips the parts 
into the trough (Fig. 4). The solvent flows in the 
direction opposite to that of the conveyor. The sol- 
vent is connected to a distilling plant where the dirt 
is removed, and from which the purified fluid 
returns to the cleaning trough. 


Fig. 4. Shaver heads emerging from degreasing fluid and 
being rinsed by more cleaning fluid, type trichlorethy- 
lene. Apparent steam is cleaning fluid vapour gene- 
rated by ultrasonic vibration in the fluid. 


6. Measurement of sound intensity 


A problem of long standing is the measurement 
of the sound intensity. This is desirable to obtain 
an economic design of the equipment, and to assure 
also the passing of the parts through a field of 
sufficient intensity for satisfactory operation. 

The method selected consists of measuring the 
sound intensity by observing the rate at which sound 
degenerates into heat in a small body of low-Q solid 
material. The energy is absorbed in a small pellet 
of laminac (polyester) in which a thermistor is im- 
bedded. The thermistor is connected into a bridge 
which in turn drives an instrument such as a photo- 
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electric recorder. Fig. 5 shows the probe, the ther- 
mistor bridge, and a galvanometer. 


Fig. 5. The probe, the thermistor bridge and an indicating 
galvanometer. 


7. Theory of probe 


The pellet is made small and the stem is made 
very thin in order to disturb the sound field as little 
as possible. The probe diameter is 2 mm. 

One may write of a plane progressive wave: 


dQ 
a KI 
Q = heat developed in pellet in J, 
I = sound intensity in W/m’, 
K = constant in m?. 

The heat generated within the pellet raises the 
temperature of the pellet above that of the liquid, 


and heat then flows from the pellet to the liquid. 
= = Kia ae — T)) 


ni = effective mass a hee in kg, 
C = specific heat of the pellet in J/kg °C, 
T, = temperature of pellet in °C, 
T, = temperature of liquid in °C, 
h = heat transfer coefficient in W/°C. 
In the steady state case dT ,/dt = 0, and the tempe- 
rature difference measures the intensity, according 
to the steady state equation: 

Rial, — T)). 

The constant K depends on the fraction of the sound 
energy transferred from the liquid into the pellet and 
its area. The second factor does not require any 
comments. The first factor may be approximated. 

The transfer of energy depends on the oc ratio of 
the liquid and the pellet material. This ratio is in the 
order of 1} to 14. The transmitted energy, hence, may 
be considered in the order of 95 to 97%- and for all 
practical purposes it may be assumed that all the 
sound energy is transmitted. The area is, of course, zr. 

A correction to this factor of K must, however, 
be made since not all the energy which goes into 
the sphere is converted into heat energy. Some of the 
energy is re-radiated by the vibration of the sphere. 


where 


where 
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The value of K is normally determined by test but 
a value may be assigned to it by assuming that the ~ 


ratio of re-radiated energy to heat dissipated energy 


is in the order of 10 to 1. 


stant: 
K=Ayn 
where A = effective area of pellet in m?, 
energy converted into heat 
| ~ total energy transmitted into pellet’ 
Hencetski—5 a 1057 ms 


One can hence say that the proportionality con-— 


{ 
: 


The value of h can be determined by experiments, © 
When the sound source is turned off, KI equals — 


zero and the following equation is obtained: 
dT 
Ts tay T)). 

The sound source is turned off, and the decay 
slope is recorded. Since M and C are known, h can 
be calculated. For the pellet used M = 4- 10-* kg; 
C = 1.25 kJ/kg °C, h was calculated as 3 mW/ °C 
from a chart taken on the photoelectric recorder 
after the sound had been turned off. 


The steady state equation may be put in a form 


to measure sound intensity directly: 
I = 10000 (T, — T,) in W/m?. 

The bridge resolves differences in temperature 
of 0.1 °C corresponding to about 10° W/m*. At 
the upper limit the pellet will maintain fair stability 
up to 200°C corresponding to intensities up to 
2-10° W/m? (7 assumed 0.1). 


In cases where the sound field is not a plane — 


progressive wave, the reading obtained is a meas-_ 
urement of the total energy incident upon the pellet. | 

The functioning of the pellet has been checked 
so far in the following way. The pellet has been used 
to plot the field within the liquid container of the 
ultrasonic generator. Field plots were made at 


distances 4, 7 and 9 cm above the transducer surface. 4 
The results obtained are shown in Fig. 6. These — 


figures show that the probe measures the same 
amount of energy flowing through these three areas. 


This is the result expected since it can be assumed ~ 


that all the energy transmitted from the transducer 
into the liquid must pass through these three areas. 


005m 4 
Fig. 6. Galvanometer deflections integrated over surface for 
three depths. 
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Discussion 


~AHUD, J. P.: La courbe donnant le seuil d’apparition de 
cavitation montre que pour 1 Mc/s il faut 100 W/cm?. 
Une telle intensité me parait dépasser de beaucoup ce qui 
a jamais été mesuré. Comment a-t-elle été obtenue ? 

4ECTURER: Cavitation may occur between 0.3 and 100 W/cm? 
(dubious region) as shown in the paper by R. W. SAmsEL, 
"”Physical and economic limitations in the application of 
sonic and ultrasonic energy to industrial processing’’, 
Amer. Instn. chem. Engng 47, Symposium Series No. 1. 

AHUD, J. P.: Je ne comprends pas comment vous pouvez 
utiliser du polystyréne pour enrober le thermistor, car selon 
nos expériences, ce produit est détruit 4 des intensités in- 
férieures. 

.ECTURER: Laminac is a polyester resin. It starts softening 
at 100 °C but it can be used for short time application under 
no mechanical load condition up to 200 °C. 

7LORISSON, CH.: Quelle puissance globale émettez-vous dans 
le liquide? 

.ECTURER: About 3 to 4 W/cm? using a crystal of 5 cm dia- 

_ meter. 

LORISSON, CH.: Pourquoi n’utilisez-vous pas la méthode 
calorimétrique d’étalonnage plus facile? 

.ECTURER: We do use it at present, but the thermistor is 
more "’industrial’’. 
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FLoRISssON, Cu.: Nous avons de bons résultats de nettoyage 
depuis environ 4 ans 4 f = 18 000 Hz et Welobal = 1,2 kW. 

CronsHAW, A. W.: What are the reasons for working in the 
dubious” region (variation of cavitation with frequency) ? 

LECTURER: Cavitation is desirable for cleaning. In the ’’du- 
bious’’ frequency region cavitation occurs throughout the 
liquid while at lower frequencies (non-dubious region) air 
bubbles appear on the surface of the transducer so prevent- 
ing transmission of energy into the liquid. 

CronsHaw, A. W.: In which region is the probe used (i.e. 
above or below cavitation) ? 

LeEcTuRER: Only below cavitation. 

CronsHaw, A. W.: Was there cavitation in the medium used 
for energy transfer. 

LEcTURER: We are here in the ’’dubious” region to which 
we have referred before. 

Feperici, M.: How many minutes does it take to clean? 

LEcTuRER: 3 to 10 seconds. 

Feperici, M.: Of course machines are being employed in 
Europe for cleaning, but they use sonic frequencies as it 
seems that with ultrasonic frequencies the cloth absorbs 
too much power. 


-LECTURER: We were talking about cleaning of metal parts. 


Ultrasonics clean fabrics; however this application is not 
practical at present. 
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ELECTRO-ACOUSTICS APPLIED TO 
MUSICAL INSTRUMENTS 


GENERAL REVIEW 


by E. G. RICHARDSON 
King’s College, Newcastle upon Tyne, England 


This section of the Congress is perhaps peculiar 
in that it has both its objective and subjective 
aspects. It is not merely a question of acoustics and 
electricity for, as soon as one talks of ’’musical ap- 
preciation’’, physiology and psychology come in. 
Nevertheless, nowadays, one cannot advance far in 
this subject without employing electro-acoustic ap- 
paratus as will be apparent as soon as you hear 
individual papers in this subject, which indeed has 
a long history going back to PyYTHAGORAS. It is my 
task to try to put before you the present position 
in this science and in doing so, to call attention 
particularly to the recent work of those not repre- 
sented here. 

Essentially our physical problems are those of 
mechano-acoustic and electro-acoustic transduction 
and radiation but the conditions under which these 
transformations’ of energy take place are usually 
far from ideal. Not only do our instruments show a 
varying timbre over the gamut but if played in 
consort may destructively interfere. On top of this 
the auditorium adds its acoustical pattern. 

Fortunately the musical ear though very critical 
in some respects is tolerant in others. It is inclined 
to accept the best that it can hear as the absolute 
best or at any rate to make up the deficiency in the 
mind’s ear. The Ancient Greeks were very clever 
at inventing musical scales, but I wonder if they 
ever heard anything like their scales actually played. 
A late of colleague of mine, very keen on modal 
music, had constructed a set of tuning forks precisely 


tuned in the plagal mode and assured me that that 
was the music the Ancient Greeks heard, but I did 
not believe him. Even as late as the 19th century 
the practice of harmony lagged far behind theory. 
because musical instruments were constructed or 
"cut and try methods” and put in the hands of in- 
expert players. You may remember the famous tale 
about CHERUBINI, faced with the absence of one of 
the flautists of his orchestra; when the leader saic¢ 
to him: ’’Oh, maestro, what can be worse than only 
one flute’, CHERUBINI replied: ’’Two’’. Though 
the intonation of wind instruments was bad at that 
time few musical instrument makers would have 
gone as far as the primitive Red Indians who made 
reedpipes with side-holes in two equidistant groups 
of three to play up and down a scale! When askec 
by musicologists why they did this they are allegec 
to have replied: ’’It looks best that way and is con- 
venient for the fingers”. Even the primitive Scots 
have advanced beyond that stage as you will hea 
later in the Congress in a paper on the scale of the 
bagpipe. 

Musicians and the music trade are cautious bodies 
but they are willing to give anything new a hearing 
witness the development of the electrophonic organ 
not yet universally accepted. These synthetic in 
struments helped in the development of electro. 
acoustic analysers, without which many recent ad. 
vances in our knowledge of the functioning and o: 
the means to improve the functioning of musica 
instruments would have been impossible. 
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The science of musical acoustics then falls into 
two parts: 1) the production and radiation of music, 
2) its effect on the listener. My emphasis will be 
on the former since it is applied physics, pure but 
not simple. 

One aspect of the question may properly be 
answered in physical terms merely, that is, how the 
sounds of one instrument, played solo, may be 
distinguished from another. This is mainly a ques- 
tion of timbre, but this distinction is often uncertain 
between two instruments at certain parts of the scale, 
so that, e.g. the violin steady tone is very like that 
of the oboe. Yet many people can distinguish a 
violin solo from an oboe solo. 

How then does this happen? One factor is that 
the timbre of an instrument is not constant over the 
whole of its range, so that the equality just cited is 
unlikely to persist when the soloist passes from a 
note of medium pitch to one higher or lower. 
Another is the difference as between different in- 
struments in the starting and build-up of steady 
notes, the scrape of the bow, the tonguing of the 
reed, etc. The first of these characteristics is called 
formant, the second transient, though sometimes the 
first word is used to cover both. The removal of the 
transients can make a great difference to ease of 
distinguishing between instruments of different or 
even of the same types. 

The formant, in the narrower sense of the word 
which I prefer, is that feature in the sound of an 
instrument (or of a voice) which distinguishes it 
from another of the same. breed and is largely a 
question of the existence of resonances which may 
be excited in the soundboard or box to which the 
primary toneproducer, vibrating string, reed, etc., 
is coupled. In speaking of ’’soundboard” one must 
use the word in the general sense to include all 
neighbouring bodies which can be set in forced 
vibration. For instance it ought to include the cavity 
resonator formed by the player’s lungs, whether 
he is playing oboe or violin! 

Another factor which must be considered is the 
directional characteristic. An instrument with a defi- 
nite soundboard like the violin probably radiates 
best in the direction perpendicular to the board, a 
wind instrument in the direction of the bell, though 
this direction may be changed by local reflecting 
surfaces. The soundboard should vibrate as a whole 
up to as high a pitch as possible. If it tends to sub- 
divide into segments — some moving out while others 
move in — their mutual effects at a distance will 
cancel each other and the sound will not radiate well. 

This directivity is only, however, valid for high 
pitch. At low frequencies it fails and the source 
behaves nearly as a point source. This is a matter 
‘of some importance when one wishes to localize 
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the sound from a particular instrument in the 
orchestra; for instance, a good violin, in the sense 
of one which if used for the solo part in a concerto 
will stand out from the mass of other strings. It is 
believed that low frequency transients help also in 
this respect. 

A factor of similar origin which will make locali- 
sation of the music of the wind more certain than 
that of the strings in an orchestra is that the former 
are mostly playing parts which are not doubled, 
whereas the latter show a ’’chorus effect’. The fact 
that two or more strings playing the same part can 
never exactly reproduce each other’s effect as to 
loudness, pitch and timbre, and time of initiation 
and duration of transients (even if they were played 
by a machine) masks any directivity, introduces 
slight but rapid vibrato and smudges individual 
characteristics. The same is true of an organ solo 
stop played over chorus foundation stops on another 
manual. This chorus effect is, in fact, of sufficient 
importance to be imitated — than which nothing is 
easier — by the makers of electrophonic instru- 
ments. 

For recording and analysing formants the usual 
electro-acoustic apparatus is used. It is useful to 
exhibit the results of octave-filter analyses at differ- 
ent fundamentals (steady tone) three dimensionally 
as LOTTERMOSER [1] has done in his analysis of the 
acoustic spectra of organs. 

For transients a device originally due to DieTscu 
and FRICKE [2] is used. A portion of the trace, long 
enough to contain a good number of waves is con- 
verted into the hill and dale” form and wrapped 
round the transparent rim of a large flywheel which 
is spun up to speed by an electric motor, disengaged 
and allowed to subside slowly to rest, while a beam 
of light crosses the record to fall upon a photo- 
electric cell connected to a vibration galvanometer. 
Every time the transitory speed of the wheel invokes 
a resonance of the galvanometer, the frequency of 
the component responsible can be calculated from 
the instantaneous speed of the wheel, measured 
stroboscopically (Fig. 1). A development of this ap- 
paratus is used by the British Admiralty for meas- 
uring the components in water waves. 

It is impossible in the course of this lecture to 
deal with all musical instruments so I propose to 
select a few on which recent research has concen- 
trated, since these selected researches may be taken 
as typical of the whole. 

When one mentions violins the work of Prof. 
SAUNDERS [3] and his colleagues in the U.S.A. and 
of BackHAus [4] and MErINneEL [5] in Germany at 
once come to mind. The former has for long been 
trying to improve the tone quality of violins and 
recently, in collaboration with Mrs. Hutcutns, has 
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Fig. 1. A device for measuring transients. 


pin-pointed some of the features which distinguish 
a satisfying violin. Fig. 2 shows the intensity of the 
fundamental tone in the notes (below) produced on 
several violins with the localisation of the cavity 
resonance (A) and belly resonances (P). They have 
found that the spacing of these resonances is very 
important. Good peaks of response near the open 
notes of the strings, as in the Guarnerius are impor- 
tant for good "’singing’”’ tone. A thinning of the 
edges of the wooden plates forming the belly im- 
proves the quality. According to the work of ABBoTT 
and PurcELL [6] and of Fuxapa [7], a suitable wood 
for the belly or for pianoforte soundboards has a 
high Younc’s modulus and a small damping factor, 
in which the varnish plays a part. 

I have already mentioned the important part 
which transients play in differentiating instruments 
of different families. Skuprzyk [8] opines that the 
old masters and their good modern equivalents 
radiate these transients (particularly in the low 
frequencies) better than less good violins, making 
the former stand out better in concertos. Kurz [9], 
on the other hand, thinks it is the ’’Klirrfaktor’’ 
(non-linear distortion) which is important for this 
differentiation and compares an old master and a 
mass-produced violin in this respect, finding that 
the former has a pronounced distortion peak about 
middle C. 

No subject connected with the science of musical 
instruments has provoked greater controversy than 
the functioning of the flute and diapason organ pipe. 
The mode of coupling of the edge-tone formed at 
the mouth to the column of air has been of interest 
in aerodynamics and acoustics alike over the past 
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fifty years. Recently there has been a revival of 
interest in edge tones as being a possible cause of 
the horrific noise put out by jet engines but the 
mechanism is still the subject of rival theories. 


ahaa 


i 
+P 


FS 


Fig. 2. The intensity of the fundamental tone in the notes 
(below) produced on several violins. 
A: localisation of the cavity resonances, 
P: localisation of the belly resonances. 


When air debouches from a linear slit to fall upon 
the sharp edge of a metal or wooden wedge facing 
it, a vortex system is set up. In a way that is still 
rather imperfectly understood, a steady formation 
of vortices takes place at the slit so that the wave- 
length of the system — distance between successive 
vortices on the same side — is equal to or is a small 
submultiple of the separation of slit to edge. 

Taking the simplest case, a vortex leaves the 
outer wall of the orifice as the preceding one on the 
same side arrives at the edge (Fig. 3a). There is a 
minimum slit—edge distance /, for any given velocity 
of efflux V at which a tone can be produced. The 
frequency of the "edge tone’’ is given by the fre- 
quency with which the eddies strike the wedge. If 
they move towards it with velocity U, and l= 
distance between the vortices in the same row, then 
f = U/l or since U = aV where a is constant V/fl 
is constant. 
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Fig. 3. The relative positions of the vortices at different 
slit—edge distances. 
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“When V is kept constant, ie. when constant 
pressure is maintained behind the slit, and 1 is 
increased beyond the minimum J), the pitch of this 
"edge tone” falls in accordance with this relation 
until at a value approximately double of /,, the system 
becomes unstable and the tone, which is now the 
sub-octave of the original, may suddenly rise an 
octave to what it was at 1). 

Experiments in which smoke is mixed with the 
emerging air show that the original spacing of the 
vortices is restored after the transition, but with 
twice as many between slit and edge. Fig. 3b shows 
their relative positions just before the transition. 
After the jump (Fig. 3c) / resumes its original value 
so that, and in agreement with the von KARMAN 
stability criterion, the width is halved and the 
original narrow vortex street is recovered. The edge 
' must bisect the two rows of vortices if the tone is to 
be elicited; consequently, in the shaded area of 
Fig. 3c representing the space between the wide 
and the narrow street at the transition, only the 
graver tone can be elicited. In fact, after the jump 
has taken place, the pre-transition tone can be 
brought back either (1) by moving the edge into 
the shaded region, or (2) by pushing an obstacle 
from the side partly into the path of the blast and 
so deflecting the shaded portion of the stream on to 
the edge, as is done by means of a wooden ’’roller’’ 
in certain diapason pipes. 

A number of explanations have been put forward 
to explain the regularity of this vortex system, but 
the one which seems most plausible — at any rate, 
for the low wind speeds used in wind instruments — 
is that originally due to the writer [12] who noticed 
a system of "secondary vortices’ alongside the 
wedge starting at the vortex of the wedge and 
proceeding down the boundary layer thereof. The 
reaction of these secondary vortices on the phase of 
the air pendulation as it leaves the jet accounts for 
the spacing of edge tone vortices as CuRLE [10] has 
recently pointed out. In another recent paper 
however PowELL [11] supports the original pressure 
pulse theory of WAcHsMUTH. 


By adopting ideas from alternating current theory 
the acoustician has been able to solve a number of 
analogous problems in sound wherever the acoustic 
elements could be grouped into "inertances” and 
"capacitances’’ and built up into circuits whose 
electrical counterparts had already been solved or 
were amenable to solution. In the case of an acoustic 
radiator whose frequency is to be varied over a 
certain range, the system is assumed to be driven 
at resonance and the damping may be neglected. In 
most orchestral wood-wind instruments the variation 
is a step-by-step one, each step being a semitone. 
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The problem is then usually set in the form: 
What adjustments of impedance of the component 
parts are necessary for this variation, and of the 
alternatives, if any, which ones will allow the player 
to progress with the greatest facility from one note 
to another? For those who are familiar with loud- 
speaker practice, and particularly that of the expo- 
nential horn, it is important to realise that the 
function of a wind instrument is not primarily to 
radiate sound in a specified direction, but to produce 
a note of frequency determined by the resonant state 
of the system of impedances of which it is made 
up. Foucue [13] has recently calculated a number 
of such impedance combinations. Though expo- 
nential horns have been employed on the brass- 
wind, they cannot be given too pronounced a flare, 
or their resonance peaks will overlap so much that 
the player is sore put to it to strike one note without 
warbling into another — a state of affairs which is 
closely approached on the modern French horn — 
to the anxiety of the apprentice player. 

Though the notes on such an instrument as the 
horn are restricted to the harmonic series based on a 
few set speaking lengths, the wood-wind operate on 
a different principle. This is to make use of side- 
holes, whose opening and closing varies the arrange- 
ment and value of the impedance so linked in the in- 
struments. A simple wind instrument like the 
flageolet is in fact the acoustical analogue of a short 
artificial electric line, with the side holes set as 
earthed branches to the main conduit. The ’’con- 
ductivity’ (or admittance”, to use a more modern 
term) of these orifices can be nullified by covering 
with a finger or key, or reduced by half-covering, a 
practice adopted by flautists of the older schools. 
The flute then is the analogue of the cable (the air 
in the tube) loaded by inductances (the sideholes). 
Thus if all holes are covered except one, the system 
may be treated as a cable (up to the site of the open 
hole) terminated by an inductance and another 
length of cable in parallel, and the net impedance 
equated to zero for resonance. When several holes 
remote from the mouthpiece are open, the contri- 
bution of those lower down may be neglected, but 
not that of those near the first open hole. Thus the 
note formed by covering the holes, 1, 2, 3 and 5 
may be intermediate in pitch between that fingered 
1, 2, 3, 4, and that of 1, 2, 3, 4, 5. 

The nature of the coupling between exciter and 
resonator is a matter that has interested workers in 
musical acoustics of late. NyBorc and his col- 
leagues [14] are making a close study of these ’’jet- 
edge-resonator’’ systems which discloses the com- 
plexity of the problem, while Mercer [15] has 
studied the action of ’’voicing’”’ by which the organ- 
builder adjusts his pipe to the edge tone. The 
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process of ’’voicing’’ by which an organ builder gets 
the pipe to speak as he wants it, cutting the mouth 
and making notches in the lower lip, is a mysterious 


art which I hope will be clarified in MERcER’s paper.’ 


In a flue-pipe the edge tone — which, unmodu- 
lated, would normally have a pitch proportional to 
the wind velocity — is brought into consonance 
with one of the natural modes of vibration of the 
column, the fundamental at moderate pressure, the 
overtones at higher (overblown’’) pressures. Ex- 
ceptionally if the pipe is “underblown’’, a re- 
shuffling of the pendulations in the jet takes place 
whereby either the fundamental or its octave again 
appear. Although these underblown tones are un- 
desirable they often appear transiently as the blowing 
starts. Thus in the oscillograph record of the com- 
mencement of sounding of the diapason pipe which 
I reproduce (Fig. 4a) the octave is apparent in the 
transient for about one-tenth of a second though 
not in the final wave-form. The build-up of pressure 
in this pipe lasted about one fifth of a second. 
Transients also occur on orchestral wind instru- 
ments when the player passes ’’portamento”’ from 
one note to another (Fig. 4c). 

In a reed pipe the coupling between reed and 
column may be either tight or loose. If the reed 
is slim and rather inelastic because of its moist con- 
dition — like many orchestral reeds, including 
the brass-player’s lips — it accommodates itself to 
whatever note the player and/or 
the wind pressure impose on the 
column. In the organ reed-pipe, 
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Fig. 4. a) The commencement of sounding of the diapason 
pipe, 
b) the commencement of sounding of the violin, 
c) transients occurring on orchestral wind instru- 
ments when the player passes portamento” from 
one note to another. 


special effect of the material. The question has been 
investigated by LOTTERMOSER [16] and by Knauss 
and YEAGER [17] and very recently by the well- 
known British organ-builder Harrison of Durham. 
The latter has built four pipes to exactly the same 
form, including the important feature of equal wall 
thickness, and analysed the acoustic spectra after 
they have been treated equally by a skilled voicer. 
(I am aware that this latter equality” is a subjective 
one.) Their spectra are shown in the table below. 

Time does not permit a survey of all work being 
now done in musical acoustics, but I hope I have 
indicated that it offers many interesting problems 


Table giving the frequencies f and relative sound pressures p produced 


by diapason pipes. 


however, the reed is strong and Pipe Metal Partials 

elastic and if reed and column A [ead and f 523 1093 1560 2100 2620 3170 3680 c/s 
are tightly coupled the two can 40%, tin p 60 67 5 6 10 6 an 
only sound sympathetically when BR 150/ tin f 523 1090 1570 2120 2620 3150 3730 c/s 
the length of the pipe is adjusted p 60 66 5 30 16 6 6 dB 
to synchronism with the reed, € 50% tin f 526 1040 1570 2100 2620 3000 3750 c/s 
otherwise the system remains p 60 53 52 80 8 4 4 dB 
silent. Moreover, the transients PD all tin f 520 1070 1560 2080 2580 3170 3700 c/s 
are miniature copies of the final p 60 45 65 5 25 5 5 dB 


tone, just as in the violin (Fig. 4b). 

With the partners loosely coupled, the main 
function of the resonator is to purify the rather 
raucous sound of the reed by smothering its over- 
tones. The clarinet has interested a number of 
scientists because of the problems connected with 
the function of the reed. It seems that the reed as it 
vibrates in the mouthpiece closes and opens peri- 
odically a slit by which the air is admitted to the 
pipe. 

I have mentioned the effect of material and 
varnish on the quality of a stringed instrument. The 
effect (of material) on the quality of organ pipes 
seems to be less important than some organ-builders 
suppose, for the action of the voicer can mask any 


of applied physics. I hope that others will be en- 
couraged to enter this somewhat neglected field, and 
that in a few years time another international 
acoustic congress will devote some time to hearing 
of their work. 

One subject we may then discuss is the inter- 
national standard of pitch. Most of us in scientific 
circles adopt the recommended A = 440 c/s but, 
according to Prof. PAsQUALINI, this standard is by 
no means recognised by musicians outside the 
national and broadcasting orchestras, nor have many 
tuning fork makers conformed. He suggests that 
we could profitably discuss the means of educating 
these people to adopt our recognised standard. 
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NEUERE ERGEBNISSE DER ELEKTRISCHEN KLANGERZEUGUNG UND 
DEREN BEZIEHUNGEN ZU DER MECHANISCHEN KLANGERZEUGUNG 


von R. BIERL 
Matth. Hohner A.G., Trossingen, Deutschland 


Zusammenfassung. Die elektronischen Klanggeneratoren haben wegen ihrer rein elektrischen 
Schwingungserzeugung gegeniiber den elektromechanischen den Vorzug einer wesentlich gréBeren 
Vielfalt an Ausdrucksméglichkeiten. Dadurch kann der Spieler die den Klang definierenden GréBen: 
Tonhohe, Tonstarke und Klangfarbe zugunsten einer Erweiterung des musikalischen Vortrages zu 
einem gréBeren Anteil entsprechend seinem Willen beeinflussen. Die Ordnung der Klangfarben 
in einem Intervallzirkel fiir die Frequenzkurven zunachst zweiwelliger Gebilde zusammen mit dem 
durch Verzerrungs- und Unsymmetriegrad angegebenen Erregungsspektrum ist nicht nur fiir diese 
neuartigen Instrumente wichtig, sondern kann auch die musikalisch-akustische Forschung der her- 
kémmlichen Instrumente férdern. ; 


Summary. Improved means of expression than by electro-mechanical generators are offered by 
electronic sound generators (without moving parts) allowing the player to change his pitch, loudness 
and timbre and so to widen his musical means of expression. The arrangement of timbres along 
a closed circle of intervals representing the frequency response curves of the system of vibrations 
(for instance coupled circuits) as well as some features of the spectrum of oscillations exciting the 
system (viz. the degree of distortion and asymmetry of the oscillations) is not only important for these 
new types of instruments but can also assist musical-acoustical research on the old established types. 


Sommaire. Les instruments de musique électronique offrent beaucoup plus de possibilités d’ex- 
pression que les instruments électromécaniques. Les oscillations étant produites de facon électrique, 
la partie des grandeurs définissant un son musical (hauteur, intensité et timbre) dont dispose l’exécu- 
tant peut étre accrue pour élargir les possibilités musicales. La représentation des timbres en un 
cercle fermé d’intervalles, déterminés par les courbes de réponse du systéme de vibrations (circuits 
a couplage par exemple) et le spectre des oscillations excitant le systéme (le spectre lui-méme étant 
conditionné par le taux de distorsion et de dissymétrie), est non seulement importante pour ces 
nouveaux types d’instruments, mais peut également présenter de l’intérét pour les recherches d’acou- 


stique musicale aux instruments usuels. 
1, Einleitung 


Musikinstrumente — und ganz allgemein die 
Klanggeneratoren — mit elektrischer Schwingungs- 
erzeugung kénnen auf einem der elektromechani- 
schen oder auf einem elektronischen Verfahren be- 
ruhen. Zu den ersteren sind alle Anordnungen zu 
rechnen, bei denen auf galvanischem, dielektri- 
schem, elektromagnetischem oder lichtelektrischem 
Wege eine Abtastung von mechanischen Bewegungen 
(Auslenkungen) oder ihren zeitlichen Differential- 
quotienten stattfindet. Dabei kann entweder — wie 
z.B.im Falle der Generatoren mit rotierenden Zahn- 
scheiben — ein Profil durch einen relativ zu diesem, 
meistens gleichférmig bewegten Spalt oder auch die 
Bewegung von schwingenden Ko6rpern abgetastet 
werden. Als den Spaltmethoden verwandt kann man 
auch die Verfahren ansehen, die von Schallspeichern 
Gebrauch machen; die ,,musique concréte’’ geht 


dabei von natiirlichen Schallereignissen aus; in 


anderen Fallen (MryER-EppLersche Klangmodelle) 
werden Aufzeichnungen elektronischer Schwin- 
gungsgeneratoren verwendet. 

Die bereits erwahnten elektronischen Verfahren 
arbeiten mit rein elektrischer Schwingungserzeu- 
gung, also ohne mechanisch bewegte Teile. 

Geht man von der Forderung nach einer Méglich- 
keit des unmittelbaren, augenblicklichen Musizierens 
aus, wobei die mehr konstruktiven Verfahren mittels 
Schallspeicherung ausscheiden, dann sind, vor allem 


bei Beriicksichtigung der im Laufe von einigen Jahr- 
hunderten entwickelten musikalischen Disziplinen, 
Problemstellung und -lésung ahnlich wie bei den 
mechanischen Klangerzeugern (Musikinstrumenten, 
Schlagzeugen und Sprache). Zwischen den einzelnen 
Teilfragen der Erzeugung und Beeinflussung der 
Schwingungen 14Bt sich also eine sehr weitgehende 
Analogie aufstellen [1], da lediglich anstelle me- 
chanischer Schwingungen elektrische vorliegen, die 
dann aber immer durch einen Lautsprecher in 
Schall umgeformt werden. 

Gegeniiber den herkémmlichen Musikinstru- — 
menten, deren Charakter durch die Grenzen des 
Tonhdéhenumfangs, des Frequenzbereichs der ab- 
gestrahlten Schallenergie usw. gegeben ist — Gren- 
zen, die je nach dem Grad der Spieltechnik jedoch 
eine auBerordentlich groBe Vielfalt von Klang- 
wirkungen einschlieBen, so daB wirklich neue kaum 
mehr méglich sind *) —, fallt vor allem bei elektro- 
nischen Generatoren diese Begrenzung weg oder 
wird zumindest stark vermindert, so daB dem Spieler 
in dieser Richtung freiere Wahl iiberlassen bleibt. 
Das darf aber natiirlich nicht so verstanden werden, 
daB die herk6mmlichen Bereiche bestehender In- 
strumente erweitert werden sollen, denn dabei 
ginge ja ihre Definition verloren. Da aber auch die 


t 
' 
‘ 


*) Mixtureffekte sind gleichbedeutend mit Mehrstimmig- 
keit und — siehe Orgelbau — auch bei mechanischen Klang- 
generatoren médglich. 
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Imitation mechanischer Instrumente von heute oder 
einer friiheren Zeit weder exakt médglich noch er- 
wiinscht ist — wegen der Analogie mechanischer 
und elektrischer Schwingungsgebilde werden aller- 
dings in der Vielzahl der méglichen Falle auch solche 
enthalten sein die angenahert den herkémmlichen 
ahnlich sind —, erhebt sich die Frage nach dem 
Sinn solcher Neuentwicklungen. Dieser kann nun 
darin gesehen werden, daB die elektronischen In- 
strumente vor allem mit ihren in gréBerem MaBe 
veranderbaren charakteristischen Grenzen dem Mu- 
siker zusatzliche Méglichkeiten fiir Komposition und 
Vortrag bieten. Deren Ausniitzung setzt jedoch 
neben einer ausreichend schnellen und sicheren 
Wahlbarkeit der folgenden charakteristischen GréBen 
eine Zuordnung dieser GréBen in einem absolut 
giiltigen Klangfarbenordnungssystem voraus. 


2. Die charakteristischen GroBen und ihre 
Realisierung 


Jeder Klang ist bekanntlich definiert durch seine 
(Grund-)Frequenz (Tonhdhe), Amplitude (Ton- 
starke) und seine Kurvenform (Klangfarbe); musi- 
kalisch verwertbar ist er erst, wenn jede dieser drei 
GréBen mindestens zu einem gewissen Betrag ver- 
anderbar ist. Andrerseits scheinen die Grenzen, in- 
nerhalb derer solche Veranderungen méglich sind, 
fiir die herkémmlichert Klanggeneratoren charak- 
_teristisch zu sein, wahrend die je nach dem Willen 
oder Kénnen des Spielers mehr oder weniger vor- 
liegende Ausniitzung der Variationsbereiche fiir den 
persénlichen Vortrag wesentlich ist. 

a) Tonhéhe. Selbst bei herkémmlichen Instru- 
menten mit fester Intervallteilung kann man die 
Méglichkeit von Abweichungen von den festen Fre- 
quenzstufen feststellen; zum Teil sind sie periodisch 
schwankend (Vibrato), gelegentlich aber auch nicht- 
periodisch mit sehr kleiner Andertungsgeschwindig- 
keit (absichtliche kleine Verstimmungen). 

Von dem — in der Regel in festen (Halbton-) 
Stufen intonierten — Spielbereich der Musikinstru- 
mente mit elektrischer Schwingungserzeugung wird 
— vielleicht auf Grund gewisser geschichtlicher Tat- 
sachen — verlangt, daB er — méglichst mehrmals 
um je eine Oktave — fiir die Zwecke der Reinstim- 
mung und die aus musikalischen Griinden notwen- 
dige willkiirliche periodische oder nichtperiodische 
Verstimmung jeweils getrennt und unabhiangig von- 
einander um kleine Betrage stetig versetzt werden 
kann. Diese Forderungen sind, wie man leicht sieht, 
gleichzeitig nur von einem obertonarmen Generator 
zu erfiillen; als zweckmaBig hat sich die Gegentakt- 
Riickkopplungs-Schaltung in besonderer Ausfiih- 
rungsform erwiesen, weil hier die THomsonsche 
Resonanzkreisformel weitgehend, auch mit der er- 
forderlichen Genauigkeit von 0,5°/o9, giiltig bzw. 
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beherrschbar bleibt. Ein besonderes Problem liegt 
natiirlich auch darin, daB die Intonation weder bei 
einer Oktavversetzung noch bei den Verstimmungen 
bzw. Stimmungskorrekturen gestért werden darf. 

b) Der mittlere Verlauf der Tonstdrke, die Laut- 
starke, ist durch verhaltnismaBig einfache Mittel 
einstellbar. Anders ist es mit ihren Augenblicks- 
werten, deren zeitlicher Verlauf auch wieder zum 
Teil instrumentgegeben (Ansprache) oder willkiir- 
lich (Artikulation) ist. An sich ist es wohl nahe- 
liegend, ahnlich wie z.B. bei den Blasinstrumenten, 
Lautstarke und Artikulation mit ein- und demselben 
Organ darzustellen; schwieriger ist das Problem aber 
zweifellos bei dem instrumentgegebenen Anteil, der 
Ansprache. Infolge der fiir jede Tonhédhe verschie- 
denen Resonanzeigenschaften des _ betreffenden 
Schwingungssystems ist es zweckmaBig, die daraus 
resultierenden Ausgleichsvorgange, soweit sie fiir 
Grundton und Oberténe gleich oder ahnlich sind, 
durch Pseudoausgleichsvorgdnge (Verstarkungsrege- 
lung durch exponentiell abklingende Gleichspan- 
nung) zu ersetzen, den Restanteil dagegen in den 
Filtern zu erzeugen (vgl. weiter unten), 

c) Klangfarbe. An sich kann man natiirlich jede 
gewiinschte periodische obertonhaltige Schwingung 
sowohl durch Addition sinusférmiger Schwingungen, 
als auch durch den Abbau einer obertonreichen 
Schwingung mittels Filter herstellen. Abgesehen 
davon, daB die Addition von vielen Harmonischen 
etwa bis zur Ordnungszahl 20 erhebliche technische 
Schwierigkeiten (Aufwand) mit sich bringt, scheint 
aber dieses Verfahren auch nur Klange Zu liefern, 
die als starr empfunden und daher fiir die tiblichen 
Zwecke abgelehnt werden. 

Jeder herkémmliche Klanggenerator hat nun — 
mindestens in seinem Schallstrahler — ein Uber- 
tragungssystem, das durch seine oft sehr verwickelte 
Frequenzkurve einen entscheidenden EinfluB auf 
die resultierende Kurvenform hat. Sowohl bei einem 
Vergleich von verschiedenen herkémmlichen Instru- 
menten, als auch an dem Verlauf der Klangfarbe 
wahrend eines musikalischen Vortrages auf einem 
Instrument kann man aber erkennen, daB das Spek- 
trum der obertonhaltigen Schwingung auBer durch 
die erwahnte Systemfrequenzkurve auch noch an 
anderer Stelle, namlich meistens im eigentlichen 
Schwingungsgenerator, entweder beeinfluBt werden 
kann oder vorgegeben wird. Es ist daher zweck- 
maBig, sowohl von einem eventuell in Grenzen 
variierbaren Erregungsspektrum, das also dem Willen 
des Spielers unterliegt, auszugehen, als auch eine 
Anderung desselben durch die System-Frequenz- 
kurve — als instrumentgegebenen Anteil — anzu- 
nehmen. 

Mit einem Erregungsspektrum, das durch Ver- 
zerrungsgrad — Obertongehalt — und Unsymmetrie- 
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grad — Amplitudenverhaltnis der ungeraden und 
geraden Harmonischen — charakterisiert ist, wobei 
natiirlich jede dieser GroéBen von der Tonhdhe ab- 


hangen kann, und mit einer mehr oder weniger kom- 


plizierten, d.h. mehrwelligen, Frequenzkurve diirfte 
man praktisch jede beliebige Klangfarbe mehr oder 
weniger angenahert darstellen kénnen; hierbei ist 
dann auch die zweifellos sehr wichtige Abhangigkeit 
der Kurvenform von der Tonhdéhe [2] beriicksich- 
tigt. Im Falle nichtperiodischer Erregungsschwin- 
gungen kommen, wie noch bemerkt sei, Gerausche 
ahnlich z.B. denen der Schlagzeuge zustande. 

Es zeigte sich bald, daB mit den sogenannten ein- 
welligen Schwingungsgebilden (an elektronischen 
Instrumenten kann das besonders gut demonstriert 
werden) keine befriedigenden Effekte erreicht wer- 
den kénnen. Bei zweiwelligen ist die Zahl der még- 
lichen Schaltungen schon ziemlich groB; eine sy- 
stematische Betrachtung ergibt aber, daB die még- 
lichen Falle in die auch bei den einwelligen Gebilden 
auftretenden Gruppen: Tiefpa8 (TP), HochpaB 
(HP), BandpaB (BP) und Bandsperre (BS) eingeteilt 
werden kénnen. Die einzelnen Frequenzkurven 
unterscheiden sich dadurch, daB die Hauptmerk- 
male — DurchlaBbereich unter-, oberhalb einer 
Grenzfrequenz oder innerhalb eines Frequenz- 
bandes bzw. Sperrbereich in diesem — durch zu- 
satzliche UnregelmaBigkeiten verandert sind. 

Schon bei dem — gegeniiber den mechanischen 
Instrumenten — sehr vereinfachten zweiwelligen 
Fall ergibt sich also eine so groBe Zahl von Para- 
metern — Typ, Hauptfrequenz, Kopplungsgrad, 
Dampfungsdekrement —, daB die Zuordnung von 
handlichen Spielhilfen — mit zum Teil mehreren 
Stufen — bereits einige Schwierigkeiten bereitet; 
hier wird sich im Laufe von langeren praktischen 
Versuchen der Musiker herausstellen miissen, wie- 
viele und welche von den genannten Parametern 
haufig und evtl. sogar kontinuierlich verandert wer- 
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den miissen, da ja wohl kaum alle in gleicher Weise 
fiir die eingangs erwahnte Klangfarbenmodifikation 
wirksam sind. Es mag daran erinnert werden, daB 
bei der Sprache in erster Linie Kopplungsgrad und 
Hauptfrequenz verandert werden. 


3. Das Klangfarbenordnungssystem 


Die Gruppierung der méglichen Frequenzkurven 
auch bei mehrwelligen Gebilden in die vier genann- 
ten Hauptgruppen verleitet zu einer Orientierung, 
zusammen mit gewissen Zwischenfallen, zu einem 
geschlossenen Kreis. Alle méglichen Schaltungen, 
auch die Entartungen, lassen sich recht verniinftig 
in einem solchen Diagram unterbringen [1]. Eine 
solche Darstellung kénnte Klangfarben-Intervall- 
Zirkel genannt und dhnlich wie der Quintenzirkel 
der Harmonielehre angewandt werden und hatte 
auBerdem den Vorteil der absoluten Giiltigkeit. 
Méglicherweise kénnte ein solcher Zirkel auch bei 
der allgemeinen musikalisch-akustischen Forschung 
an herkémmlichen Instrumenten Fortschritte er- 
méglichen. 


Schett ttm 


[1] Brert, R., Uber die Beziehungen zwischen elektrischer 
und mechanischer Klangerzeugung. Z. angew. Phys. 
5 [1953], 231. 

[2] Saunpers, F. A., J. acoust. Soc. Amer. 18 [1946], 395; 
vgl. Anm. [1]. 


Diskussion 


MEYER-EPPLER, W.: Liefert die Einfiihrung von Bandsperren 
klangliche Ergebnisse, die sich von den mit breitbandigem 
DurchlaBbereich erzielbaren sehr unterscheiden ? 

VORTRAGENDER: Ja, wenn entweder die Bandbreite des Sperr- 
bereichs groB oder die Dampfung innerhalb des Sperr- 
bereichs groB ist. In dem vorgefiihrten Gerat werden Band- 
sperren der ersteren Art mit einer Bandbreite von mehr 
als einer Oktave bevorzugt. 


ELECTRONIC TUNERS FOR MUSICAL PITCH 


bye. 


GELUK 


Nederlandse Radio-Unie, Hilversum 


Summary. The stability of electronic oscillators has surpassed the accuracy of mechanical tuning 
devices; especially in respect to temperature variations the electronic oscillators can be given almost 
a completely stable frequency. Even with great limitation in circuit parts and costs, the constancy 
of the frequency can be made better than that of a steel tuning fork. Nowadays simple electronic 
devices can be made according to the international standard of musical pitch. 


Sommaire. 


La stabilité des oscillateurs électroniques est devenue supérieure a la précision des 


dispositifs mécaniques d’accord; en particulier, on peut réaliser des oscillateurs électroniques dont la 
fréquence est quasi absolument stable vis 4 vis des variations de la température. Méme s’il y a des 
conditions trés strictes quant aux éléments du circuit et au prix de revient, la fréquence peut étre 
rendue plus constante que celle d’un diapason en acier. On peut, a l"heure actuelle, réaliser des dispo- 
sitifs électroniques simples qui sont conformes au diapason international standard. 


ACUSTICA 
Vol. 4 (1954) 


SECTION VI: MUSICAL ACOUSTICS, GELUK 


221 


Zusammenfassung. Die Stabilitat elektronischer Schwingungserzeuger tibertrifft in der Genauig- 
keit die zum Stimmen benutzten mechanischen Systeme; insbesondere im Hinblick auf Temperatur- 
schwankungen kann man die Frequenz des elektronischen Gerates vdllig stabil halten. Selbst bei 
groBen Einschrankungen hinsichtlich der Bauteile und Kosten kann eine bessere Konstanz erreicht 
werden als bei einer stahlernen Stimmgabel. Man kann heute einfache elektronische Gerate herstellen, 
die der internationalen Norm fiir die musikalische Tonhdhe entsprechen. 


1. Introduction 


After several centuries of gradual change of the 
tuning note A, the conference of London in 1939 
adopted unanimously a frequency of 440 c/s in 
preference to the figures of 435, 439 and others. 
Besides the argument that 440 was no prime number 
and in the neighbourhood of the most commonly 
used frequency of 439, it gave merit to the tendency 
of increasing steadily the tuning tone. 

It was expected then that a limit was set to this 
upwards movement, but to assure this, convenient 
and adequate apparatus should be at the disposal 
of the musicians. 

Hitherto, the small steel tuning fork had fulfilled 
this task, because it gave the best precision in the 
easiest way; nevertheless the temperature did change 
the frequency and what was worse, one could alter 
its length by elementary means, so changing the 
frequency. For some instruments, e.g. the piano, 
the tuning fork showed the same sign of frequency 
drift with temperature, other instruments however 
_ gave opposite sign. To offer a real standard of the 
musical tuning tone, the frequency was determined 
without taking the temperature into account. 

It is obvious that, strictly speaking, fixed instru- 
ments never hold this standard to a very close ap- 
proximation and an additional recommendation 
should be given to manufacturers of musical instru- 
ments, so that during performance under ’’normal’’ 
conditions the tuning is as correct as possible. 

At the time the standard was agreed upon, it 
was technically possible to manufacture sub-stan- 
dard oscillators, whose frequency was practically 
independent of temperature, but the question arose, 
how an orchestra had to work and tune with these 
modern electronic apparatus. 

If the apparatus only gave the fundamental tone, 
there came many complaints of the musicians, who 
were not accustomed to tune to such ’’pure’’ tones 
and soon the sound of the oboe was simulated by 
electronic means. 

Even the best physical approximation could not 
overcome all the complaints of the musicians and 
in many cases the method had to be abandoned. 

In the Netherlands the Standardization Commit- 
tee therefore decided to emphasize the physical way 
of tuning by recommending to observe the rhythm 
of the beats, thus abandoning tuning by ‘‘pitch”. 
Following this procedure for one instrument only 


(e.g. oboe), the orchestra is free to tune by pitch 
to this reference’ instrument. This procedure 
proved to be adequate. 

With electronic tuners giving a complex note it was 
found, that if e.g. an oboe and a violin tuned sepa- 
rately to the sub-standard, the instruments were 
out of pitch playing together. Evidently the in- 
struments tune to pitch rather than to beat notes 
and that is essentially what matters. For instruments 
with fixed tuning, one should keep the standard tone 
as close as possible at the atmospheric conditions 
under which the instrument is normally used. There 
is electronic apparatus on the market which gives 
a complete equitempered octave, with reference to 
the piano and analogous instruments. But a piano- 
tuner never holds this tuning exactly for all octaves, 
but expands his gamut towards higher octaves, in 
order to let the instrument sound "’brilliant’’. This 
again is an argument for abandoning the idea of 
simulating the oboe; obviously this implies, econo- 
mically and in respect to size of the reference-stan- 
dard, an advantage. Also the power output of the 
generators can be made low, as only one musician 
should be able to hear it; on the other hand it must 
not be too low, because often the tuning of this 
reference instrument must be done in a concert-hall, 
where the noise-level is very high due to the audience 
and the other musicians. 


2. Principles of electronic tuners 


The generator, as source of the apparatus, should 
be insensitive to temperature fluctuations, resulting 
in a short warm-up period to give the constant 
frequency. A mechanical or electrical resonance- 
circuit is used, having a certain quality factor Q 
which may be as high as 3000 or as low as 4. In both 
cases amplification increases this value to sustained 
oscillations and some means for limiting the amplitude 
should be set. There is no need to avoid any possible 
distortion and, if modern temperature-dependent re- 
sistances (N.T.C., ’’Kaltleiter’”’) are used, the limita- 
tion is sufficient. Special attention must be paid to the 
influence on the generated frequency of the amplifier; 
especially for the low Q systems it is necessary to sta- 
bilize the amplifier by introducing sufficient feed- 
back. The only variation in frequency that remains 
then is due to the atmospheric influence on the 
resonance circuit itself. 

The most commonly used circuits are: (a) crystal, 
(b) tuning-fork, (c) L-C, (d) R-C. 
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Before deciding what circuit is most suitable, we 
should consider what is necessary for the constancy 
of the frequency. With tuning forks, having a decay- 
time of about 10 s (Q = 2000) less than two beats 
during the decay cannot be detected, so it is of no 
use to have a greater accuracy than ++ 0.2 c/s or 
+5-+10-4, If the temperature be the only reason 
of frequency-shift, the temperature-coefficient should 
be less than 10~* per degree centigrade, if we tolerate 
a working temperature range of ++ 5 °C. 

A crystal circuit therefore, giving a temperature- 
coefficient of 10-*/°C without controlling its own 
temperature, is more than is needed; therefore this 
circuit with its rather complicated dividing net- 
works is unsatisfactory for this purpose. 

The tuning fork of normal steel has a temperature- 
coefficient of approx. 10~-4/°C and is therefore just 
adequate; but additionally, these forks are pressure- 
dependent (3: 10-® per cm Hg). 

An improvement can be found by taking a special 
alloy and sealing the fork in a closed chamber; then 
instability of about 0.5- 10-4 of the standard fre- 
quency can be achieved, but with considerable 
increase of cost and loss of simplicity. Due to the 
high Q value, the rather’ long time of building up 
the oscillations remains as a disadvantage of such 
mechanical resonance circuits. 

An electronic tuner, using this circuit, is schemati- 
cally shown in Fig. 1. Separate odd and even 
harmonics can be added to the fundamental. A 
special circuit cancels the fundamental tone in the 
odd harmonic series, obtained by clipping the sine 
wave in tube B;. The even harmonics are produced 
by tube B,, which works as a full-wave rectifier. 
Both series are de-emphasized for the lower numbers 
of the harmonics, giving good contributions in the 
12 kc/s range. As all the three attenuators of the 
apparatus add a different frequency spectrum, the 
total is the sum of the partial spectra. 


even harmonics 


ist harmonic odd harmonics 


Fig. 1. Electronic tuning equipment with a tuning-fork; 
harmonics can be added at will. 


It was found that the most accepted tone-quality 
had important harmonics up to the 22nd (9680 c/s); 
its spectrum, acoustically measured, was as indicated 
in Fig. 2. 
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Fig. 2. Acoustical spectrum of oboe imitation. Strength of 
the harmonics relative to fundamental (= 100%). 


In other countries the same experiment was done 
in a different way; the findings were however differ- 
ent from those, given in Fig. 2. In Fig. 3 a compari- 
son is given between the results of the B.B.C., the 
R.T.I. at Niirnberg and our own measurement of 
the spectrum of a real. oboe. 


100 


PD) BIS GE SVG iS PE 
— Order number of harmonic 
Fig. 3. Comparison of the spectra of oboe imitations of the 
B.BGe.|( ) and the R.T.I. (—-—), and the 
spectrum of a real oboe (own measurement) (----- Ne 


After the unsatisfactory results, obtained with 
such tones, as described in the introduction, two 
small electronic tuners were made giving an almost 
pure tone of 440 c/s. One of these has a normal steel 
tuning fork as resonance circuit, while a second 
type was made with an R-C frequency determining 
circuit. By suitable choice of resistances with positive 
and negative temperature coefficients, it has proved 
to be half as much dependent on temperature- 
influences as a steel fork (0.5 - 10-4/°C). The circuit 
is given in Fig. 4, in which R, is a N.T.C. resistor, 
regulating the amplitude of the oscillation. The 
frequency-determining components R,», and Cy, 
are all temperature-compensated. 


Rae 


Fig. 4. Electronic tuning device with R- C circuit. 


To avoid long warming-up periods, the volume- 
control is combined with a switch in the last amplifier 
stage. 

To obtain good stability over very long periods 
resistances however are less reliable; in this respect 
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L-C circuits are appreciably better and commercial 
electronic tuners apply mostly this circuit. Also the 
temperature coefficients of the elements have a 
reduced influence on the frequency. In Fig. 5 a 
circuit is given, giving also a simple possibility to 
introduce higher harmonics; after 15 minutes war- 
ming-up period the frequency is guaranteed to be 
440 c/s + 0.2%. 


—o+ 


Fig. 5. Commercial electronic tuning device with L - C cir- 
cuit. 


A series L-C circuit is used in another commercial 
tuner, acting as a selective filter in the feedback 
loop of an amplifier. Switching the capacity, the 
frequency is changed by factors of V2, while six 
values of the self-inductance can be chosen to match 
the standard tone or slightly different values. 

In Fig. 6 the main circuit is given. The regulation 
is obtained by means of a resistance with a positive 
temperature coefficient in the cathode circuit of the 
first amplifier. 


8x{= 


2 
Fig. 6. Commercial electronic tuning device with a series 
L-C circuit. 


Interesting is the fact that this instrument gives 
the octave of the standard tone (880 c/s), having the 
advantage of better radiation by a small loudspeaker 
and giving higher loudness level with the same sound 
pressure. 

Tuning by observation of beat-tones then has the 
additional advantage that these are doubled in 
rhythm and therefore more easily detectable. The 
condition’ must be fulfilled that the tuning instru- 
ment has reasonable harmonic content in its sound. 


3. Conclusion 


Nowadays it is possible to manufacture small 
electronic tuners, giving a reference signal for tuning- 
‘purposes of satisfactory accuracy. Although mechan- 
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ical resonance circuits such as tuning-forks are 
adequate, electrical components even can give better 
results. Imitating the sound of an oboe is not neces- 
sary and even sometimes confuses the aim of stan- 
dardisation. An inquiry, recently undertaken by the 
U.E.R. (Union Européenne de Radiodiffusion) gives 
a good report of how the standardization makes 
progress as far as Europe is concerned. About 80% 
of the European countries use the standard pitch of 
440 c/s, while only one small country (Morocco) 
has adopted a standard of 435 c/s. Further two small 
countries have no standard in current use. 

From the point of view of standardization, it is 
sufficient to introduce to musicians a reference-tone, 
which allows them to compare the actual pitch they 
have chosen and also to maintain this pitch. The 
latter is important in broadcasting practice, where 
several parts of a musical item are to be recorded 
at different times. 

Comparison should always be done by the obser- 
vation of beat notes. For instrument manufacturers it 
is important that the instruments should exhibit 
their best properties when tuned to the normal 
440 c/s frequency. 

Finally it seems to’ be of no. use to insist that the 
musicians keep to the standard A, because for the 
musical performances only the musicians themselves 
are responsible; however, technicians can supply 
them with simple apparatus which enables them to 
determine objectively the deviations they think to 
be justified. 


Literature: see page 262 


Discussion 


Younc, R. W.: Does the portable standard just described 
to produce the twelve chromatic notes, produce the correct 
frequencies within 0.2 c/s? 

LecturER: The differences between the nominal values and 
the measured frequencies are small. Taking the 440 c/s tone 
‘as ’’"Kammerton’’, we found the whole octave correct 
within -+- 0.5 c/s (in respect to the frequencies from 523 
to 1047 c/s. For other values of the ’’standard’”” A somewhat 
larger discrepancies were found but never exceeded 0.25%. 

Eyk, J. VAN DEN: Why is it necessary to tune with an accuracy 
of 0.2 c/s? The accuracy of playing music will be much 
less than this I think. 

LeEcTuRER: Of course the accuracy of the standard must be 
one order better than the highest accuracy ever wanted 
for an instrument. Moreover well-tuned instruments are 
very desirable in extreme cases, such as string instruments 
playing unison on free strings or instruments with a fixed 
tuning playing together (organ, piano etc.). 

TRAUTWEIN, F.: Welche Abhangigkeit besteht bei den be- 
schriebenen R-C- und L-C-Generatoren von der Netzspan- 
nung ? 

LECTURER: Sie ist gering; eine genaue Messung dieser 
Abhangigkeit ist nicht einfach, weil auch noch Tempe- 
raturschwankungen hinzukommen. Insgesamt haben wir 
gemessen, daB 10% Netzspannungserniedrigung nur 0,2°/, 
Frequenzanderung zur Folge hatte. 


ACUSTICA 


SECTION VI: MUSICAL ACOUSTICS, GEORGE 


A SOUND REVERSAL TECHNIQUE 


APPLIED TO THE STUDY OF TONE QUALITY 


by W.’H. GEORGE 
Physics Department, Chelsea Polytechnic, London 


Summary. Reversal of magnetic-tape sound-recordings is used to investigate the influence upon 
tone-quality of growth and decay of sounds. If the instantaneous overtone structure (as technically 
defined in the paper) changes with time, reversal of the sound profoundly alters the tone-quality. 
The idea of tone-quality as the overtone structure of the ’’steady state” of a note modified by ’’tran- 
sients’’, is abandoned for the idea of tone-quality as a "pattern property’. 


Sommaire. On inverse des enregistrements sonores sur ruban magnétique pour étudier l’influence 
de l’établissement et de l’amortissement des sons sur le timbre. Si la structure instantanée en har- 
moniques (telle qu’elle est définie au point de vue technique dans-I’article) varie avec le temps, |’in- 
version du son modifie profondément le timbre. On abandonne le concept de timbre basé sur la 
structure en harmoniques de ”’l’état permanent” (’’steady state’) d’une note modifié par les ’’transi- 
toires” (’’transients’’) et on le remplace par le concept de timbre considéré comme un ’’diagramme de 
configuration’’ ("pattern property’’). 


Zusammenfassung. Umkehrungen von Magnettonaufzeichnungen werden benutzt, um den Ein- 
flu8 des An- und Abklingens von Schallvorgingen auf die Klangfarbe zu untersuchen. Wenn das 
Obertonverhaltnis sich zeitlich andert, wird die Klangfarbe durch eine Umkehrung grundlegend 
verandert. Man mute von der Auffassung, die Klangfarbe als Obertonverhiltnis, das von Ein- 
schwingvorgangen (,,transients’’) modifiziert wird, zu erklaren, abgehen und sie als eine Gestalt 
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(,,pattern-property’’) ansehen. 


The present study of tone-quality belongs to a 
class of acoustical research of which the results can 
be published in sound only. Sound recording is an 
essential part of the research, but the recordings are 
not a substitute for actual sounds. Some of the 
sounds heard from the recorder could not be 
produced "'live’’ and they must be heard to be 
believed. 

There is general agreement that tone quality 
(timbre, Klangfarbe) is that which enables a hearer 
to distinguish, by hearing, between notes of the 
same pitch and loudness played upon two different 
instruments. The differences may be as small as 
those between two violins, or between two voices 
speaking the same vowel. The standard method of 
studying these differences for musical, speech and 
other sounds has been to make an harmonic, or 
periodic analysis of the sound produced. The initial 
and final parts of a sound, as well as diminuendo, 
crescendo, vibrato and transients in general are 
regarded as modifications of the ’’steady state’. 

For convenience and brevity in this paper, the 
term ios at time t will be used to represent instan- 
taneous overtone structure defined as follows. For a 
sound with harmonic overtones and total duration 
T, let time be reckoned zero at the beginning of the 
sound under analysis. Starting at time t move for- 
ward in time by an interval dt equal to the period 
of the lowest-pitched component in the sound. Let 
the variations occurring during dt be repeated in- 
finitely in the positive and negative directions of 
time. Then the harmonic analysis of the resultant 
is here defined as the ios or instantaneous overtone 


structure at time t. (For inharmonic sounds the 
definition must be modified to make dt equal to the 
lowest common multiple of all the components or, 
alternatively, a phase component must be included 
and periodic analysis used instead of harmonic 
analysis [1]). Using this definition it may be said 
that in the bulk of published research on tone- 
quality it is assumed that (a) tone quality is largely 
determined by ios and (b) ios is independent of t/T. 
The present research began, not with a study of 
tone-quality, but with a crucial experiment designed 
to test the sustaining power of the modern piano. 
Because the generation of the sound takes place in 
a minute fraction (of the order 0.0001) of the 
apparent duration of the sound it has been suggested 
that the sustaining effect is largely psychological. 
To test this, a simple magnetic-tape recorder (kindly 
lent by the Westminster Hospital, London in 1950) 
was used to record and reproduce musical passages 
so that the individual notes kept their places in the 
score but their sounds were individually reversed. 
The experiment proved that the sustaining effect 
was genuine. But the surprising result was that 
although ios was unchanged none of the sounds could 
be recognised as made by a piano. It is well known 
that for the piano ios is a function of t/T. 

With the generous co-operation of E.M.I. Ltd., 
the experiments were repeated with high-fidelity 
recording and reproducing apparatus and a first- 
rate concert grand piano. The resulting complete 
change of tone-quality was confirmed and the results 


were demonstrated at a meeting of the Acousti 
Group of the Physical Society (February 22nd, 1951 
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In an improved form they are here reproduced from 
material prepared by the British Broadcasting Cor- 
poration for broadcast talks. 

Sound illustration 1. Chopin, Prelude in C minor 
Op. 28 No. 20. In some bars the notes were indivi- 
dually reversed. In other bars the notes were played 
normally so that the distortion of the recording and 
reproducing system including the acoustics of the 
room could be judged. 

As the reversed piano tones lack the usual preci- 
sion of attack the listener cannot be sure when each 
reversed note begins. In the next two recordings 
this difficulty was overcome by arranging that the 
left-hand part was played normally so as to define 
the time pulse, whilst the notes of the right-hand 
part were reversed. 

Sound illustration 2. Opening of Chopin’s Ber- 
‘ceuse Op. 57. The notes of the right-hand part were 
individually reversed, whilst those of the left-hand 
were played normally. 

The third recording was prepared to show the 
influence of tempo on the sustaining power of the 
piano which, at the tempo used, appears to be 
complete. 

Sound illustration 3. Opening of Chopin’s Study 
in F minor (number 25). This consists of two 
independent parts, the right hand playing regular 
groups of three single notes, each individually 
reversed, whilst the left hand plays regular groups 
of four single notes, each played normally. 

These two records, made in 1952 and not yet 
broadcast, represent a remarkable feat of engineering 
skill by the B.B.C. Engineers. Entirely independent 
recording units had to be used for each part. One 
part had to be reversed and the two accurately 
synchronised. Some months later the writer’s atten- 
tion was directed to American experiments, carried 
out with a player piano, on synchronisation in piano 
playing [2]. According to this work, the accuracy 
of illustrations 2 and 3 would appear to be of the 
order 0,01 s. Tape speeds of 0.75 m/s (30 inch/s) 
were used. As records 2 and 3 include both normal 
and reversed sounds, electronic, transducer and 
room-acoustic distortions are the same for both, and 
the finally observed complete change of tone-quality 
of sounds of the piano is established. 

Experiments on other sounds have been carried 
out only with simple tape recorders using tape 
speeds of 0.19 or 0.38 m/s (7.5 or 15 inch/s). 

The results may be summarised as follows: 

a) No complete sound (made by non-electrical 
means) of duration JT sounds the same on reversal, 
although reversal does not alter the ios. 
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b) If the ’’steady state’”’ (as observed on an os- 
cilloscope) of any sound be reversed, its sound is 
unchanged but, in general, the original source of 
the sound cannot be identified with certainty even 
though its ios is that given in the literature as 
characteristic of that sound. 

c) If any other portion of a complete sound, for 
which ios varies with time, is clipped from the 
original and played separately, it sounds quite 
different in the forward and backward directions, 
In neither reproduction is it recognisable. 

Furthermore it may be noted that complete 
sounds acquire additional qualities depending on 
their environment e.g. (a) any single note played 
on any instrument successively as the tonic or the 
leading note or (b) the same vowel sound placed 
in different words. 

The writer attaches particular importance to the 
technique used in illustrations 1 --- 3, Highly critical 
observation is essential to research in tone-quality. 
The observer must know exactly when the observed 
phenomenon is to occur. By using musical passages 
and accurate synchronisation the observer is given 
this information. Recordings played successively 
cannot be compared with the same degree of accu- 
racy. Unfortunately the technique is beyond the 
resources of the ordinary laboratory. Four recorders 
and two highly skilled engineers were used at one 
stage of the experiments. 

In the present state of knowledge the writer has 
given up the idea of tone-quality as something 
associated with a ’’steady state” modified by ’’tran- 
sient’, Instead he regards it as a ’’pattern’’ pro- 
perty [3]. 

The sound illustrations are part of a series pre- 
pared for talks to be given in the B.B.C. radio 
programme ’’ Music Magazine’. The writer wishes 
to thank the Westminster Hospital for the loan of 
a simple tape recorder in 1950, Messrs. E.M.I. for 
high fidelity recordings made in 1951 and the 
British Broadcasting Corporation for permission to 
use some of their sound recordings (not yet broad- 
cast at the time of the Congress) and for kindly 
recording a spoken version of this paper. 
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UBER DIE KLANGE VON GLOCKEN UND ORGELN 


von M. GruTZMACHER *) 
Physikalisch-Technische Bundesanstalt, Braunschweig, Deutschland 


Zusammenfassung. Es werden die elektroakustischen Mefmethoden beschrieben, die in der 
Physikalisch-Technischen Bundesanstalt, Braunschweig, angewandt werden, um ein objektives Bild 
vom Klangcharakter einer Glocke oder einer Orgel zu erhalten. 


Summary. The electro-acoustical methods used in the Physikalisch-Technische Bundesanstalt, 
Braunschweig, for getting objective data of the character of a bell or an organ are described. 


Sommaire. 


On décrit les méthodes électroacoustiques employées au Physikalisch-Technische : 


Bundesanstalt, Braunschweig, pour caractériser objectivement le timbre d’une cloche ou d’un orgue. 


In dem letzten Kriege sind in Deutschland wie 
schon im ersten Weltkrieg zahlreiche wertvolle 
Glockengelaute und Orgeln verlorengegangen. Die 
Wiederbeschaffung dieser fiir das kirchliche Leben 
so bedeutungsvollen Musikinstrumente in gleicher 
oder méglichst besserer Qualitat hat die Frage auf- 
geworfen, wodurch eigentlich diese Qualitat physi- 
kalisch bestimmt sei. Wir haben uns aus diesem 
Grunde in der Physikalisch-Technischen Bundes- 
anstalt in Braunschweig bemiiht, sowohl fiir die 
Glocken wie auch fiir die Orgeln einfache, die be- 
kannten elektroakustischen MeBmethoden verwen- 
dende Verfahren zu entwickeln, die ein méglichst 
objektives Bild von der Klangqualitat der Instru- 
mente zu geben vermédgen **), Von meinen Mit- 
arbeitern hat sich dabei Herr STAPPENBECK in erster 
Linie der Glocken angenommen, wahrend Herr Dr. 
LOTTERMOSER sich den Orgeln gewidmet hat. 


Wenn wir mit dem Glockenklang beginnen, so ist 
die erste wichtige Frage die nach der Frequenz der 
einzelnen Teilténe. Diese Teilténe aus der Form 
und der Massenverteilung der Glocke zu berechnen, 
ist ziemlich aussichtslos; sie einzeln jedoch elektrisch 
anzuregen, gelingt leicht mit Hilfe eines guten RC- 
Tongenerators und eines elektromagnetischen An- 
regungssystems, das an geeigneter Stelle auf die 
Glockenwand aufgesetzt wird. Die Glockenschwin- 
gung wird zur Frequenzmessung von einem auf die 
schwingende Glocke aufgesetzten Kérperschall- 
empfanger wieder abgenommen und einer Braun- 
schen Réhre zusammen mit der Anregungsspannung 
zugefiihrt. Man verandert solange die Frequenz der 
Anregungsspannung, bis eine Ellipse als Lissajous- 
Figur entsteht. Entfernt man den Anreger von der 
Glocke und 14Bt diese ausklingen, so mu8 wahrend 
des ganzen Ausklingvorganges die Ellipsenform er- 


*) Nach Untersuchungen mit W. LoTTERMOSER und H. 
STAPPENBECK. 

**) Die umfangreichen Glockenuntersuchtungen, ins- 
besondere an Stahlglocken, wurden durch den Bochumer 
Verein fiir Gufstahlfabrikation erméglicht. 


halten bleiben, wenn man sicher sein will, wirklich 
die Eigenfrequenz der gerade angeregten Glocken- 
schwingung zu messen. Die Frequenzmessung ge- 
schieht wieder durch Beobachtung der Lissayous- 
Figur mit dem gleichen Oszillographen, dem jetzt 
eine Normalfrequenz von 1000 Hz zugeleitet wird. 
Bei einer gewissen Ubung ist eine MeBgenauigkeit 
von 1/10 Hz fiir Teilténe bis zur 40. Ordnung leicht 
zu erreichen. 

Die Amplituden der Teilténe interessieren in 
ihrem relativen Verhaltnis zueinander beim nor- 
malen Anschlag der Glocke. Zu ihrer Bestimmung 
nehmen wir den Anschlag einer Glocke auf ein 
Magnetophonband auf und machen eine Suchton- 
analyse dieses Schallvorganges fiir das Zeitintervall 
einer 1/5 s unmittelbar nach dem Anschlag. Um eine 
Analyse fiir ein so kurzes Zeitintervall ausfithren 
zu kénnen, mu8 der Bandausschnitt, der die Lange 
von etwa 15 cm hat, vervielfaltigt werden, und es 
miissen mehrere gleichartige Stiicke zu einem end- 
losen Band der Gesamtlange von etwa 1 m zusam- 
mengeklebt werden. Die Analyse kann dann mit 
beliebiger Genauigkeit, meist mit einer Analysier- 
scharfe von 8 Hz, mit einem automatisch registrieren- 
den Suchtonanalysator vorgenommen werden. Abb. 
1 zeigt eine Analyse eines Glockenklanges kurz nach 
dem Anschlag. Wir erkennen das typische Bild einer 
Reihe verschieden starker nicht harmonischer Teil- 
tone. In Deutschland bezeichnet man die Teilténe 
beginnend mit dem tiefsten Ton als Unteroktave 
(1), Prim (2), Terz (3), Quinte (4), Oberoktave (5) 
usw. 

Allen Teilténen ist eine bestimmte Schwingungs- 
form der Glocke zuzuordnen. Diese Schwingungs- 
form kann durch Abtasten des Glockenkérpers bei 
sinusférmiger elektrischer Anregung ermittelt wer- 
den. Fiir den vorliegenden Fall ist dies bis 
17. Oberton geschehen. Die erhaltenen Schwingungs- 
bilder sind oben in der Abb. 1 durch Skizzen, die 
Knotenlinien in Draufsicht auf die Glocke 
anschaulichen, dargestellt. Die angeschriebe 
Zahlen beziehen sich jeweils auf die Ordnung 
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der Teilténe im darunter gelegenen Spektrum. Wir 
finden, wie bekannt, eine nach hohen Frequenzen 
rasch zunehmende Unterteilung der schwingenden 
Glockenflache. 
+oePHSOGHOSKHOGGEHK OG 
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Abb. 1. Spektrum und Schwingungsform einer Glocke un- 
mittelbar nach dem Anschlag. Die Teilténe mit 
nur einem Knotenring (Lautténer) 2, 3, 5, 10, 15 
usw. dominieren. 
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In einer anderen Darstellung kann man einen 
noch besseren Uberblick iiber die zusammenge- 
hérigen Teilténe erhalten. In Abb. 2 sind auf der 
Abszisse die Frequenzen der Teilténe, auf der 
Ordinate die Anzahl der Knotenmeridiane, also der 
Knotenlinien, die von der Krone zur Miindung der 
Glocke verlaufen, aufgetragen. Wir sehen mehrere 
zusammengehGrige Kurven, die sich jeweils durch 
die Zahl der Knotenringe, das sind die waagerecht 
um die Glocke herumlaufenden Knotenkreise, 


unterscheiden. 
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Abb. 2. Die Frequenzlage der Teilténe einer Glocke in 
Abhangigkeit von der Anzahl der Knotenringe. Die 
oberste Kurve ist die Kurve der Téne mit einem 
Knotenring (Lautténer). 


Die oberste bis zu sehr hohen Frequenzen zu ver- 
folgende Kurve enthalt alle Teilténe, die eine an- 
steigende Anzahl von Knotenmeridianen bei immer 
nur einem Knotenring besitzen. Es zeigte sich, dafB 
gerade diesen Ténen im Glockenklang eine beson- 
dere Bedeutung zukommt, da sie durchweg die Teil- 
téne mit groBer Lautstarke stellen. Wir haben die 
Tonfolge daher die Reihe der ,,Lautténer” genannt 
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und wollen riickblickend ihr Auftreten am Beispiel 
der Abb. 1 kurz verfolgen. Es gehéren hier zu den 
Lautténern: Die Prim (2), die Terz (3), die Ober- 
oktave (5), die Quinte zur Oberoktave (10), die 
Doppeloktave (15) und die noch héher gelegene 
Quarte, Sexte und Tripeloktave. Man erkennt deut- 
lich, daB alle diese Téne wesentlich iiber die anderen 
Teilténe herausragen und somit im Glockenklang 
dominieren. Diese Erkenntnis ist dann von groRer 
Wichtigkeit, wenn man darangeht, durch Anderung 
der Glockenform die Teilténe so zu legen, daB sie 
médglichst als reine Oktaven, Terzen und Quinten 
im Spektrum erscheinen. Hier kommt der richtigen 
Ausrichtung gerade der Kurve der Lautténer die 
groBte Bedeutung zu. Leider muB ich mir aus Zeit- 
griinden versagen, auf dieses interessante Gebiet 
naher einzugehen. 

Eine Méglichkeit, wenigstens den Intensitats- 
schwerpunkt des Spektrums etwas zu verschieben, 
sei jedoch kurz angedeutet. In gewissen Grenzen 
kann man das Kléppelgewicht und auch die Héhe 
des Aufhangepunktes des Kléppels variieren, Man 
erhalt so z.B. bei VergréBerung der Kléppelmasse, 
wobei man die Relativgeschwindigkeit Kléppel — 
Glocke entsprechend verringert, ein starkeres Her- 
vortreten der tiefen Teilténe gegeniiber den hohen, 
was sowohl theoretisch begriindet als auch durch 
Analyse des Klangspektrums bewiesen worden ist. 

Auch auf das Ausklingen der einzelnen Teilténe 
kann ich nur kurz eingehen. Die Vermutung, die 
man oft hért, daB das langsamere Ausklingen der 
Bronzeglocken gegentiber den Stahlglocken auf die 
in Bronze geringere innere Dampfung zuriickzu- 
fithren sei, ist nicht richtig. Die innere Schwingungs- 
dampfung in den Glocken ist immer klein gegentiber 
der akustischen Strahlungsdampfung und nur auf 
diese geht die kiirzere Abklingzeit der Stahlglocken 
zuriick. Manche Stahlglocken besitzen gegeniiber 
Bronzeglocken bei gleicher musikalischer Tonhéhe 
und gleichem Gewicht eine fast doppelt so groBe 
Oberflache. Die Strahlungsdampfung dieser Stahl- 
glocken ist daher doppelt so groB und die Abkling- 
zeit der Unteroktave z.B. etwa halb so gro wie die 
vergleichbarer Bronzeglocken. 

Auch die oben naher erlauterten Lautténer weisen 
wegen ihrer besonderen Schwingungsform beson- 
dere Strahlungs- und Abklingeigenschaften auf. Die 
Abb. 3 zeigt die Amplitudenverteilung langs des 
Glockenmantels bei Anregung der Lautténer. Man 
erkennt, daB bei hohen Frequenzen die wirklich 
strahlende Flache immer kleiner wird, was die gleich- 
falls langeren Abklingzeiten erklart, die man fiir 
hdhere Lautténer im Gegensatz zu den in ihrer 
Nahe liegenden Teilténen anderer Schwingungs- 
formen findet. Natiirlich sind die Abklingzeiten nur 
relativ langer. Da wir annehmen k6énnen, da8 bei 
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jeder Energieumsetzung in einer Schwingungs- 
periode etwa der gleiche Energieverlust eintritt, 
werden die absoluten Ausklingzeiten etwa propor- 
tional zur Frequenz kleiner, d.h. die tiefen Tone 
leben bei weitem am langsten. 
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Abb. 3. Schwingungsamplitude der Glockenwand bei Teil- 
ténen mit einem Knotenring (Lautténer). 


Zum SchluB dieses Abschnittes iiber den Glocken- 
klang noch ein paar Worte iiber den Schlagton. Er 
ist zweifellos kein reeller Ton, sondern wird bei der 
Wahrnehmung des Gesamtglockenklanges vom Ohr 
gebildet. Vieles deutet daraufhin, daB die in der Nahe 
der Prim sich haufenden Differenztone erster und 
zweiter Ordnung, die auf die vielen Oktaven und 
Quinten im Glockenspektrum zuriickgehen, dort 
gewissermaBen einen ,, fonhéhenschwerpunkt” er- 
zeugen, der vom Ohr als Schlagton empfunden wird. 


Wenn ich nun zum Orgelklang iibergehe, so muB 
ich vorausschicken, daB ich auch hier in der kurzen 
Zeit wieder nur das Wichtigste und auch dieses nur 
in grober Vereinfachung bringen kann. Zu ein- 
gehenderem Studium méchte ich auf die ausfiihr- 
liche Arbeit von W. LOTTERMOSER in der AcusTI- 
cA [1] hinweisen. 

Es hat sich gezeigt, daB fiir einen Uberblick iiber 
den Klangcharakter einer Orgel eine Oktavsieb- 
analyse des Plenums ausreicht. Das Plenum enthilt 
die wichtigsten Register einer Orgel, namlich Prin- 
zipale und Mixturen, und kann zur Charakteri- 
sierung des Klanges dienen. Die Aufnahme der 
Klange geschieht auf der Empore in etwa 15 m 
Abstand vom Pfeifenwerk. Ist ein solcher Platz nicht 
vorhanden, wird man einen 4hnlichen, z.B. im 
Kirchenschiff in der Nahe der Kanzel, wahlen. 

Um die stehenden Wellen im Raum hinreichend 
ausgleichen zu kénnen, geniigt es, nach einem Vor- 
schlag von E. THIENHAUS, jeweils drei nebeneinander 
liegende Tasten (drei temperierte Halbténe) gleich- 
zeitig anzuschlagen. Diese Klange werden iiber acht 
Oktavfilter von 50 --- 10000 Hz analysiert und zwar 
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durchgehend fiir die gesamte Klaviatur. Zeichnet man 
alle so erhaltenen Spektren perspektivisch, den jeweils 
angeschlagenen Tasten zugeordnet hintereinander 
auf, so bekommt man einen guten Uberblick iiber 
den Klang des gesamten Orgelwerkes. 

In der Abb. 4 sind solche Spektren von 6 Orgeln 
wiedergegeben. Wir finden links zunachst die Spek- 
tren dreier beriihmter im Original erhaltener Barock- 
orgeln aus der Zeit um 1750 (Ottobeuren, Erbauer 
Riepp; Weingarten, Erbauer GABLER; Rot a. d. Rot, 
Erbauer Hoizuay), rechts daneben die Klangbilder 
moderner Orgeln, wie wir sie in ahnlicher Qualitat 
alle kennen. ! 


Ottobeuren Weingarten Rot a.d.Rot 
(Riepp) (Gabler) (Holzhay) 


Abb. 4. Klangspektren von Orgeln; 
links: drei Barockorgeln (um 1750), 
rechts: drei moderne Orgeln (um 1910). 


Die Unterschiede zwischen den alten und mo- 
dernen Orgeln sind auffallend und lassen sich etwa 
folgendermaBen formulieren: 


1. Die von modernen Orgeln abgegebenen Schall- 
energien sind gréBer. 

2. Die Spektren der alten Orgeln zeigen eine fast 
gleichmaBige Energieverteilung iiber den ge- 
samten Hérbereich, bei den modernen Orgeln 
werden die tiefen Teilténe ausgesprochen be- 
vorzugt. 

3. Bei den alten Orgeln weist das Spektrum zwei 
Gipfel auf. Der zweite Gipfel verschiebt sich 
meist nach hdheren Ténen vom A-Formant zum 
I-Formant. Das Spektrum der modernen Orgel 
besitzt nur einen Gipfel bei tiefen Frequenzen, 
im iibrigen ist der spektrale Verlauf recht un- 
regelmaBig. 


Auch hinsichtlich der Einschwingvorgdnge unter- 
scheiden sich die alten und die neuen Orgeln. 
Eingehende oszillographische Untersuchungen der 
Einschwingvorgange von Plenumklangen haben ge- 
zeigt, daB diese Klange im Falle der Verwendung 
von Tonkanzellen merklich schneller anklingen, als 
bei Verwendung von Registerkanzellen. Dies be- 
weist die groBe Bedeutung der Tonkanzelle, die 
offenbar die gegenseitige Mitnahme der einzelnen 
Pfeifen erméglicht, was die Registerkanzelle nicht 
tut. Da bei schnellem Einschwingen der Pfeifen eine 
wesentlich prazisere Tongebung méglich ist, sollte 
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/ man in diesem Punkt médglichst auf dies alte Bau- 
_ prinzip wieder zuriickkommen. 

In Deutschland hat der Klang der Barockorgel 
schon zahlreiche Freunde gefunden, und es scheint 
so, als wenn man in Zukunft immer mehr danach 
streben wird, alte Barockorgeln nach dem Original- 
klangbild wieder herzustellen, dariiberhinaus aber 
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auch neue Orgeln nach diesem Klangideal zu bauen. 
Bei diésem Bestreben wird es sicher von Nutzen 
sein, sich zur laufenden objektiven Kontrolle des 
Erreichten der hier beschriebenen elektroakustischen 
MeBverfahren zu bedienen. 

Schrifttum 
{1] LorTermoserR, W., Acustica 3 [1953], 129. 


EXPERIMENTAL STUDY OF TUNING PROBLEMS 


by W. Kox 
Laboratory for Technical Physics, Technological University, Delft, Netherlands 


Summary. The equal temperament in music is a compromise, accepted in a period not possessing 
electronic equipment. Organ music especially will recover rich harmony when played with perfect 
intervals. Methods are described by which this can be done. 


Sommaire. 


Le tempérament égal, en musique, constitue un compromis qu’on a dt accepter 


quand on ne disposait pas d’instruments électroniques. La musique d’orgue, en particulier, re- 
couvrera une harmonie riche si elle est jouée avec des intervalles parfaits. On indique les moyens 


d’arriver a ce résultat. 


Zusammenfassung. Die gleichschwebende Stimmung in der Musik ist ein Kompromi&, der 
in einer Zeit entstanden ist, als es noch keine elektronischen Gerate gab. Besonders die Orgelmusik 
wiirde beim Spiel mit reinen Intervallen wieder harmonisch reicher werden. Es werden Methoden 


angegeben, mit denen man dieses erreichen kann. 


Ancient organs had only keys in one plane, as can 
be seen from old pictures; they supported the church 
singing. The tones produced were the Pythagorean 
ones, the seven tones of the scale only related by 
harmonic fifths (3/2) and octaves (2/1). The intervals 
can be written in powers of 2 and 3, forming a one- 
dimensional chain of increasing powers of 3: 

emeelga ge gre ge. 1346 35 
peewee 2 2* 2° 27 
moors 9D AE B 


This scale has only one size of whole tone: 9/8 = 170 
milli-octaves (abbrev. mo) and also only one size 
of semitone: 256/243 = 75 mo. This milli-octave, 
29-001, is a practical unit, the octave being the only 
unequivocal interval of value 2/1. 

In the middle ages harmony entered as a new 
element in the musical art and the tone scale was 
adjusted with the harmonic third, proposed by 
ZARLINO. The harmonic third has the value 5/4, 
the Pythagorean third 81/64. The intervals can now 
be written as powers of 2, 3 and 5 in a two-dimen- 
sional field of increasing powers of 3 and 5 (Fig. 1). 

As can be seen, the tones A, E and B of PyrHaco- 
RAS are lowered by 80/81, or a comma. There exist 
in this scale two kinds of whole tones: C — D = 9/8 
= 170 mo and D — E = 10/9 = 152 mo; the dif- 
ference is the comma 80/81 = 18 mo. The semitone 
is E — F = 16/15 = 93 mo. The harmonic third 
is C — E = 5/4 = 322 mo and the harmonic fifth 
is C — G = 3/2 = 585 mo. Modulation to another 
key, for instance from C to G, removes the rhombus 


in the chart one place to the right over the tonefield, 
giving other values for the intervals of some tones. 

This tone system has three major and three minor 
triads: 


- E B 5 
| | = | 
F-C C=GuG—p, (4-6 
Dt ae cae 1/6—1/4 10-15 
- Bale. is 
saeimetiin bobs 1/5 12 


Such a system is perfectly harmonic, but has the 
great disadvantage of having two values for the 
second C — D, as a consequence of the two values 
for D lying a comma (81/80) apart. 
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Fig. 1. The fifths-thirds related tonefield. 


In order to avoid two keys for D on the key-board 
the fifth may be taken 1/4 comma smaller than 
corresponds to the ratio 3/2 (see Fig. 1), yielding 
a system with slightly imperfect fifths (581 instead 
of 585 mo) and still perfect thirds (322 mo). This 


230 


system contains a D that divides the interval of the 
two D’s of ZARLINO’s system in the middle and is 
called therefore the mean tone system. It is the system 
used for organ practice before BAcH. This system 
too is not cyclic, i.e. one arrives at different values 
for Gf and AP, DZ and E?, etc. if the sequence of 
fifths is extended upward and downward. The two 
components of each of these pairs of tones differ 34 
mo from each other. The system is nearly cyclic 
however and can therefore adequately be represented 
by a spiral (compare GZ and AP, Dé and E? etc.). 


G# 
644 
E 
322 
C 
0 
a Ni ex 
678 \ 
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161 
fF 
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805 


Fig. 2. The mean-tone spiral. 


Modulation to another key on a mean tone tuned 
instrument means choosing another set of 7 tones 
more inward or outward on the spiral. So modulation 
facilities on a normal instrument with twelve keys 
pro octave are restricted to a few closely related keys. 

From the above it is easily seen that full freedom 
of modulation can only be obtained in one of the 
following ways: 

a) by increasing the number of keys without limit if 
the mean tone system is adhered to, or by making 
provisions for changing if necessary the frequency 
of some keys by means of stops; this is impractic- 
able, for the instrument builder as well as for 
the musician; 

b) by forcing the spiral into a circle by extending 
the fifths again from 581 to 583 mo, thus making 
the two components of the pairs GZ and A), etc. 
to coincide exactly. This leads to thirds of 333 mo 
(and fifths of 583 mo) and to poor harmony. This 
system is the well-known equal temperament of 
to-day with 12 equal semitones per octave; 
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c) by subdividing the octave into 31 or 53 equal 
intervals, leading to almost perfect thirds, fifths 
and sevenths. The key-boards of such instru- 
ments become very complicated however and 
make it nearly impossible to play the existing 
organ music; 

d) by using normal equal-tempered tuning, but 
providing for possible adjustment of intervals 


during the performance. A major third should ~ 


be narrowed by raising the lower component by 
6 mo, while flattening the higher component by 


the same amount, thus making the interval 322 


instead of 333-mo. An equal but opposite ad- 
justment-should be made for the minor third. 
These alterations in frequency can be effected 
automatically. 


In order to estimate in a subjective way what 
discrepancies of perfect tuning are tolerable and to 
determine which system of tuning is preferred by 
musicians and listeners, we have built an experi- 
mental electrophonic organ, comprising twelve iden- 
tical rotating electro-magnetic generator sets, each 
driven by a synchronous motor and adjustable in 


frequency over about 85 mo plus and minus the 


nominal value, each supplying one complete tone 
family: C, CZ, D, -: B. Since the twelve generator 
sets can be accurately adjusted to a desired pitch 
by means of twelve very stable RC-generators, 
mastering the synchronous motors, all systems of 
tuning can be realised. It is even possible to change 
the tuning during a performance, thus following the 
musician in his modulations. So it is a unique 
instrument, e.g., for playing, say, in the mean tone 
system without getting into trouble while modu- 
lating. 

The preliminary conclusion is that normal listeners 
do not hear any difference between music played 
in equal or in mean tone temperament. The musi- 
cians do hear the difference and prefer the mean 
tone temperament and a fortiori the just intonation, 
but only in broad terminating chords and for choral- 
like music. They refuse to accept new duties in 
handling pitch adjusters, neither do they like the 
fluctuations in pitch, caused by instantaneously 
corrected thirds. 

The equal temperament seems to be a good 
compromise, not only for physical urgencies, but for 
musical reasons too. 
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AN ACOUSTICAL STUDY OF THE HIGHLAND BAGPIPE 


by J. M. A. Lenrwan and S. McNEILL 


Physics Department, Western Regional Hospital Board, Glasgow 
Natural Philosophy Department, University of Glasgow 


Summary. 


The frequencies and intervals of the notes in the bagpipe scale have been measured 


by the use of a double beam oscillograph, in conjunction with a valve-maintained tuning fork. 


Sommaire. On a mesuré, au moyen d’un oscillographe 4 deux faisceaux et d’un diapason entre- 
tenu par tube a vide, les fréquences et intervalles des notes émises par la cornemuse écossaise. 


Zusammenfassung. Die Frequenzen und Intervalle der Téne der Dudelsack-Tonleiter wurden mit 
Hilfe eines Zweistrahloszillographen in Verbindung mit einer elektrisch erregten Stimmegabel gemessen. 


1. Introduction 


The bagpipe is one of the oldest forms of musical 
instrument, having been played since remote times 
in all the countries of Europe. Although the instru- 
ment in its native, and more or less original, form 
is still played in many countries, it is usually asso- 
ciated with Scotland and with the Highlands of 
Scotland in particular. The form of the instrument 
which was developed there has become the most 
popular throughout the world; it has been adopted 
by all the English-speaking nations and has in some 
countries superseded the native form. 

It is apparent to the critical listener that the scale 
of the Highland bagpipe conforms neither to just 
intonation nor to equal temperament. In view of 
the popularity of the instrument and the wide 
variety of music which can be produced from its 
restricted range, the scale is of considerable interest 
to musicians and to physicists. The first object of 
the present study was to attempt a definition of the 
frequencies and intervals of the notes making up the 
bagpipe scale. 


2. The instrument 


The Highland bagpipe has as its principal com- 
ponent a chanter, from which nine notes can be 
produced. The flow of air to the chanter is main- 
tained and regulated by a blowpipe fitted with a 
valve and by a bag acting as an air reservoir. From 
the bag project three drones, two tenor and one 
bass, which supply an unvarying harmony. 

Near the air inlet to the chanter is a reed, a 
double vibrator made of Spanish cane bound to a 
copper staple. The characteristics of the note it 


produces vary greatly with the temperature and 


humidity of the air supply. 

The reed used in the drones is a piece of cane in 
which a single beating tongue has been cut; this is 
one of the oldest methods of maintaining a musical 
note. 

The chanter is made by boring two conical holes 
along the axis of a wooden rod, about 37 cm in 
length. The apex of the longer cone is upward (near 


the air inlet) and the apex of the shorter cone points 
downward. The cones overlap to give the region of 
narrowest bore, about 7 mm in diameter. The 
chanter has a series of seven holes along its length, 
as well as the thumb-hole, nearest to the reed and 
on the opposite side of the pipe to the other seven. 
Two cross-holes near the lower end of the chanter 
are bored at right angles to the others, 

The drones are cylindrical tubes, with some parts 
widened to permit of tuning. 


3. Previous work 


Several attempts have been made to measure the 
frequencies of the notes of the chanter — usually 
by pipers who had little scientific training or by 
physicists who were dependent on others to tell 
them when a reasonably accurate pipe scale was 
being played. A. J. Etuts [1] (1885) made some tests 
in which the frequencies were estimated by com- 
parison with tuning forks. The piper was an English- 
man and an amateur and the pipe was accordingly 
not likely to be accurately tuned. A survey of eight 
chanters was made by G. E. ALLAN [2](1940) with 
some success, though again the pipers were not of 
the first rank. The method of measurement was to 
tune a monochord to each note in turn — a lengthy 
procedure which made conditions difficult for the 


piper. 


4. Apparatus 


For a more accurate determination of the scale, 
the chanter was played in front of a moving-coil 
microphone connected, through an amplifier, to one 
beam of a double-beam oscilloscope. A valve- 
maintained standard tuning fork and a beat-frequen- 
cy oscillator were connected to the X and Y plates 
respectively of a second oscilloscope. By main- 
taining a chosen Lissajous figure on the screen of 
this instrument, the output of the oscillator could 
be kept at a convenient frequency with an accuracy 
of 1 in 10°, This output was also fed to the second 
beam of the double-beam oscilloscope. With the 
time base disconnected, records of the two wave 
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forms were obtained with film moving at about 65 
cm/s in a camera attached to the screen. The notes 
of the scale were played, sometimes in order of 
frequency and sometimes in common musical 
phrases; the time taken to play the nine notes varied 
between 3 and 6 seconds. The frequencies were 
calculated by comparing the two traces on the 
developed film. 


5. Results 


Eighteen chanters were tested and the results, 
using the usual convention, in which the lowest note 
of the bagpipe scale is denoted G and the highest 
A’, were as follows: 


note GPA. Beer DUR. rus en ae 
mean frequency 410 459 516 573 620 690 766 826 914 c/s 


The intervals between successive notes were cal- 
culated, in cents, for each chanter. The mean values 
of the intervals are given below, with those reported 
by Extis and ALLAN for comparison. 


mean intervals in cents 


note ELLIs ALLAN present work 

G 

191 197 199 
A ; 

197 192 196 
B 

145 182 187 
G; 

154 155 133 
D 

208 181 189 
E 

150 194 182 
F 

156 163 134 
G’ 

191 151 184 
TN 


The notes produced by the drones were also 
examined. For a chanter with A = 455, the tenor 
drones when tuned gave a fundamental of frequency 
227 c/s with a strong harmonic at a frequency of 
455 c/s. The bass drone gave 114 c/s as its funda- 
mental and 342 c/s as its predominant harmonic. 


6. Conclusions 


a) The frequency of the note called A by pipers 
was found in this investigation to be 459.3 c/s, with 
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a standard deviation of 5.6 c/s. This is nearer to A 
sharp (467) than to A (440) by present standards. 


Considerable benefit could be derived from the — 


adoption of a standard pitch for bagpipes; we sug- 
gest A = 459. The difference between this figure 
and the frequency of the orchestral A or A sharp 
is not important since, on account of the difference 
in the construction of the scales, bagpipes cannot 
easily play in unison with other orchestral instru- 
ments. The deviation from A = 459 among the 
pipers who assisted us in this investigation is quite 
small, and is no more than that commonly found 


among players of other instruments when accurate © 


measurements are made. 

b) It appears to us that the bagpipe scale is 
made up of relatively simple intervals, though it is 
different from the scale of any other musical in- 
strument. From the measurements now reported, 
we suggest that the bagpipe scale is made up of the 
following intervals: 


suggested interval observed interval 
note ratio cents cents 
A 
9/8 204 196 
B 
10/9 182 187 
Cc 
27/25 133 134 
D 
10/9 182 189 
E 
10/9 182 182 
F 
27/25 133 131 
GC’ 
10/9 182 184 
At 


A fuller formulation and discussion of this pro- 
posal is being prepared for publication elsewhere. 
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Discussion 


RADEMAKERS, A.: The intensity seems to fall steeply at the 
octave note. Is this normal or only a peculiarity of this 
special instrument? 

Lecturer: The falling-off in amplitude at the top of the 
scale is always observed in the Highland bagpipes. It 
occurs also in the Irish bagpipes. 
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ZUR STIMMUNG DER MUSIKINSTRUMENTE 


von H. MEINEL 


Forschungsinstitut fiir Musikinstrumentenbau des Deutschen Amtes fiir Material- und Warenpriifung, Berlin 
Sitz: Zwota tiber Klingenthal / Sachsen 


Zusammenfassung. Es wird tiber Normstimmtonmessungen, den Bau eines elektro-optischen 
Stimmgerates fiir Musikinstrumente und iiber damit erzielte Ergebnisse berichtet. Die Horgenauig- 


keit bester Stimmer ist erstaunlich hoch. 


Summary. 


An account is given concerning measurements of the normal musical pitch, the con- 


struction of an electro-optical tuning apparatus for musical instruments and the results obtained 
with it. The auditory accuracy of the best tuners is astonishingly high. 


Sommaire. 


On donne les résultats des mesures du diapason normal, et on décrit un dispositif 


électro-optique d’accord des instruments de musique, en indiquant ce qu’il permet d’obtenir. La 
précision de l’ouie des accordeurs est étonnamment grande. 


1. Nichteinhaltung des Normstimmtones 


Unsere Messungen an Orchestern, Orgeln, Kla- 
vieren, Blasinstrumenten und Akkordeons zeigen in 
Ubereinstimmung mit Ergebnissen anderer [1], [2], 
daB eine Einhaltung des Normstimmtones at = 440 
Hz heute kaum starker angestrebt wird als vor der 
Londoner Akustikkonferenz 1939. Wir nehmen des- 
halb im Rahmen unserer Forschungs- und Priifstelle 
auch Einflu8 auf den Musikinstrumentenbau selbst. 
Mittels Gutachtergremien aus hervorragenden In- 
strumentenbauern und Kiinstlern priifen wir in 
Musterstiicken unsere industrielle Produktion an 
wichtigeren Musikinstrumenten handwerklich und 
klanglich und, soweit die wissenschaftlichen Grund- 
lagen bereits vorliegen, auch meBtechnisch. 

Im Rahmen der Priifungsbestimmungen werden 
auch héchstzulassige Fehlergrenzen fiir die Ein- 
haltung des Normstimmtones festgelegt. Sie sind 
den Eigenschaften der Instrumentengattung ange- 
paBt; denn es ware kaum zweckmaBig, vom Musik- 
instrumentenbau auch dann die Einhaltung sehr 
kleiner Fehlergrenzen zu verlangen, wenn die Ton- 
héhe stark von den Erregungsbedingungen abhangt. 

Tabelle I zeigt fiir den eingespielten Zustand 
(ohne den Erwarmungseinflu8) in Mittelwerten die 
bei Blasinstrumenten groBe Abhangigkeit der Ton- 


Tabelle I 
Ziehbereich der Tonhdhe bei Blasinstrumenten 


—_ 


Ziehbereich 
Instrument er Conte 
Bohmfléte 68 
Klarinette 44 
Oboe 34 
Fagott 70 
Saxophon 42 
Blockfléte 84 
Trompete 36 
Waldhorn 48 
Posaune _ 28 
Akkordeon 12 
Mundharmonika 20 


héhe von den Anblasebedingungen, ihren Ziehbe- 
reich, Selbst die Oboe, das Standardinstrument der 
Orchester fiir die Abgabe des Stimmtones, ist in 
ihrer Tonhéhe stark veranderlich, auch im einge- 
spielten Zustand. 

Es ist allein schon auf Grund des groBen Ziehbe- 
reiches der Tonhdhe und des Erwarmungsein- 
flusses nicht verwunderlich, wenn Orchester sehr 
verschieden hoch musizieren, und es diirfte dringend 
notwendig sein, friihere Vorschlage zur Anwendung 
von Normstimmtongebern [3] weitgehend zu ver- 
wirklichen. Es gibt bereits eine Reihe guter Norm- 
stimmtongeber [4], [5], [6] und Herr GELuK be- 
richtete iiber weitere. Wir selbst haben einen von 
Temperatur und Netzspannung weitgehend unab- 
hangigen briickenstabilisierten elektronischen Norm- 
stimmtongeber hoher Genauigkeit gebaut. Ich 
glaube, man sollte allerdings gar nicht so sehr auf 
auBergewohnlich hohe Genauigkeit dieser Gerate 
bedacht sein. Die wesentlichere Aufgabe diirfte die 
sein, die Orchester dazu zu bringen, diese Gerate 
auch wirklich zu bentitzen. Die Lésung dieser Auf- 
gabe wiirde sehr unterstiitzt, wenn von maBgebender 
internationaler Seite aus eine kleine Denkschrift iiber 
die Notwendigkeit und den Nutzen der Einhaltung 
des Normstimmtones ausgearbeitet wiirde. 

Normstimmtonmessungen an etwa 200 zur Prii- 
fung vorgelegten oder zur Kontrolle den Betrieben 
entnommenen Akkordeons aus den Jahren 1952 und 
1953 zeigen, daB von einem Einhalten des Norm- 
stimmtones 1952 vielfach nicht die Rede sein kann. 
Unterschiede von mehreren Hertz innerhalb der 
Instrumente eines Betriebes kamen 6fters vor. An- 
derseits gibt es Betriebe, die zeigen, daB eine gute 
Einhaltung des Normstimmtones durchaus méglich 
ist. Forderungen nach Einhaltung einer Fehler- 
grenze von + 0,8 Hz, die von uns erhoben wurden, 
erschienen mithin von Seiten des Standes der In- 
dustrie und der Eigenschaften der Instrumente 
(Tab. I) begriindet. Die Messungen im 1. Quartal 
1953 und darauf folgende Kontrollmessungen zeigen 
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eine im allgemeinen gute Einhaltung dieser Grenze 
von + 0,8 Hz (= + 2 Promille) als ersten prak- 
tischen Erfolg. Ahnliche Fehlergrenzen wurden auf 


Grund zahlreicher Messungen auch fiir andere Mu- 


sikinstrumente festgelegt oder sind z.Zt. in Arbeit, 
mit dem Ziele, vorerst grébere Fehler zu beseitigen. 
Es ware zu erwagen, solche Toleranzen fiir den Norm- 
stimmton nach Schaffung geniigender Grundlagen 
fiir die wichtigsten Musikinstrumente auch inter- 
national festzulegen. 


2. Notwendigkeit gentigender Stimmung von 
Ton zu Ton. Elektro-optisches Stimmegerat 


Die Einhaltung des Normstimmtones allein ge- 
niigt natiirlich nicht. Mindestens ebensoviel Wert 
ist auf die Einhaltung einer befriedigenden Stim- 
mung der Musikinstrumente von Ton zu Ton zu 
legen. Diese Stimmung wird seit iiber 200 Jahren 
aus guten Griinden im allgemeinen gleichschwebend 
temperiert gehalten und ist am Musikinstrument 
wesentlich schwieriger zu verwirklichen als die dem 
menschlichen Ohr mehr entsprechende reine Stim- 
mung. Temperiert stimmen heiSt, mit Ausnahme 
der Oktave, von Intervall zu Intervall in verschie- 
denem MaBe gegen das eigene natiirliche Empfinden 
zu stimmen. DaB sich hieraus fiir die Stimmer viele 
Schwierigkeiten ergeben miissen, leuchtet ein. 

Es lag uns deshalb daran, ein vor allen Dingen 
praktisch gut brauchbares Stimmgerat zu haben, das 
vom Ohr unabhangig macht und das sich gleich- 
zeitig fiir MeBzwecke eignet. Sehr gute Stimmge- 
rate wurden uns bereits von den Herren GELUK und 
Younc vorgefiihrt. Wir bauten ein elektronisches 
Gerat mit einem auch sonst beniitzten briickenstabi- 
lisierten LC-Generator [7], der einen Kippgenera- 
tor synchronisiert, dessen Spannung an der einen 
Ablenkplatte einer Kathodenstrahlréhre liegt und 
auf deren Bildschirm einen Strich in der Frequenz 
des briickenstabilisierten Tongenerators erzeugt. 
Dieser Strich wird durch Anlegen einer negativen 
Spannung an den Wehneltzylinder der Kathoden- 
strahlréhre gerade wieder zum Verschwinden ge- 
bracht. Der von einem Tauchspulenmikrophon auf- 
genommene und zu messende bzw. zu stimmende 
Klang geht iiber einen Verstarker mit Amplituden- 
begrenzung an die Kathode der Braunschen Réhre. 
Die positiven Spannungsimpulse des Klanges er- 
hellen den verdunkelten Strich des synchronisierten 
Kippgenerators. Es entstehen auf dem Bildschirm 
Frequenzmarken, die mit der Frequenz zunehmen. 
Sie laufen nach oben, wenn der zu stimmende Klang 
zu hoch ist, nach unten, wenn er zu tief ist und 
bleiben stehen, wenn er richtig ist. So ist das Gerat 
fiir den Instrumentenbauer bequem und wirtschaft- 
lich. Die MeBgenauigkeit betragt + 0,3 Promille. 
Es hat gewisse Vorteile, wie im vorliegenden Falle, 
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sehen zu kénnen, ob ein Ton zu hoch oder zu tief — 
ist. Beim Schwebungshéren ist meistens nicht fest- 
zustellen, ob der zu stimmende Ton zu hoch oder 
zu tief ist; der Stimmer mu8 probieren. Das kostet 
Zeit und vermindert die Haltbarkeit der Stimmung. 
Gleichwohl kénnen auch die Sollfrequenzen durch 
das Tauchspulenmikrophon zum Toénen gebracht 
werden, doch ist mehr daran gedacht, diese Még- 
lichkeit zusammen mit einem gleichfalls eingebauten 
Normstimmtongeber dazu zu beniitzen, genau ge- 
stimmte temperierte Intervalle zu Gehér zu bringen 
und dadurch das Gerat auch fiir Schulungszwecke 
verwendbar zu machen. 


3. MeBergebnisse 


Abb. 1 und 2 zeigen beispielsweise einige MeBer- 
gebnisse, auf die hier leider nur teilweise eingegangen 
werden kann. Waagerecht sind die gemessenen 
Klange, senkrecht die Abweichungen von der Soll- 
frequenz, die in die Abszisse gelegt ist, in Hertz 
relativ (bezogen auf a‘) aufgetragen. Bei einem ver- 
nachlassigbaren Fehler ist dabei 1 Hz rel. = 4 Cent. 

Die sehr verschiedene Qualitat der Akkordeon- 
stimmung ist offenkundig. Eine nur fiir Akkordeons 
geltende Bewertung nach musikalischen Gesichts- 
punkten gab unser Sachverstandigengremium mit 
»sehr gut’, ,,geniigend”’ und ,,ungeniigend”’. Damit 
ist uns kiinftig eine musikalische Bewertung der 
Stimmung allein auf meBtechnischer Grundlage 
méglich. Fiir andere Musik-, insbesondere Blasin- 
strumente, gelten andere musikalische MaRstabe; im 
allgemeinen sind die Anforderungen niedriger. Ord- 
net man noch die vom Stimmer gemachten Fehler 
in verschiedene Bereiche ein (+ } Cent, + 1 Cent 
usw., Abb. 1), so zeigt sich das erstaunliche Er- 
gebnis, daB unsere besten Akkordeonstimmer sogar 
Fehler beim temperierten Stimmen héren, die 
<-+4Cent sind, denn die Mehrzahl der Fehler liegt 
innerhalb dieses Bereiches. Beste Klaviere und 
Fliigel (Abb. 2) werden nach unseren bisherigen 
Ergebnissen in den zwei mittleren Oktaven sogar 
noch etwas genauer gestimmt, als die entsprechende 
Fehlerbereichskurve zeigt. Sie zeigen meistens eine 
aufsteigende Tendenz [8] ihrer Stimmung, die zur 
gréBeren Brillanz des Klanges fiihrt. Die von Herrn 
YOUNG gezeigten Kurven weisen eine gleiche Ten- 
denz auf. 

Die bisher gemessenen Orgelstimmungen reichen 
erklarlicherweise nicht an die eben gezeigten besten 
Stimmergebnisse heran. Blasinstrumente waren im 
Vergleich mit Akkordeons und Fliigeln sogar als 
ausgesprochen schlecht gestimmt zu bezeichnen. 
Gute Spieler iiberwinden zwar in langsam zu spie- 
lenden Musikstiicken die Stimmungsfehler ihrer 
Instrumente weitgehend, wiirden aber auf einwand- 
frei gestimmten Instrumenten besser spielen kénnen. 
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——— Toleranz 


Anzahl der Anzahl der Anzahl der Punk 
Tolevasi Zungen Zungen Zungen IEG 
Bewertung 
Hz rel. wer- 
gepr. | red. a gepr. | red. gepr. | red. tung zahl 
< +0,125 sehr gut 59 46 —0o/—0 20 20 |} —0O/;— O 8 8 —0O0O/|;— 0 
< + 0,25 gut 22 17 —1/|—l17 16 16 —1/— 16 6 6 —l1|— 6 
< + 0,50 mittel 23 17 —3)|—5l1 26 26 —3/— 78| 13 13 — 3|— 39 
<+1,00 schlecht 2 2 — 8 | —16 18 18 — 8 |—144] 29 29 — 8 | —232 
= + 1,00 sehr schlecht 0 0 | —20/—0 2 2 | —20|— 40} 26 26 | —20 | —520 
—84 —278 —797 


Abb. 1. Akkordeonstimmungen verschiedener Giite. 
a,, b;, c,: Abweichungen-von der Sollfrequenz, bezogen auf den arithmetischen Mittelwert; 
-—- Zug, x—x Druck. 
ay, b,, Co: Haufigkeit (gepriifte bzw. reduzierte Anzahl) der Zungen in den verschiedenen Toleranzen. 


236 


* 1 Saite 
=-—© 2Saile 
3 Saite 


Hz rel 


SECTION VI: MUSICAL ACOUSTICS, MEINEL 


ACUSTICA © 
Vol. 4 (1954) 


sehr gut 
! 
sehr gut 

| 


570125 +025 +050 "10 >210 Hr rel 
5:05 +710 220 240>240cent 


Hz rel. 


| | 2 satg— }— 


3 3 saitig—— | ) 
; | 

440H2-0 ! joe ; LN tf; NA : . 
oi AAA TY ail NA! lal 
: 2 wae) hy | | | | as a 
i A eae Rit 


gs 


a 


! 


220Hz 


5 SY CS) CS a a NO 


eT Ti oe re oe 
ud fe ee. a) aaa as 


44OHz 


Abb. 2. Klavierstimmungen verschiedener Giite. 


Die Kurven zur Stimmung gewinnen damit beacht- 
liche Bedeutung fiir den Instrumentenbau. 

Es soll schlieBlich nicht versiumt werden, zu er- 
wahnen, daB unsere MeBergebnisse zur Akkordeon- 
und Klavierstimmung im gewissen Sinne in Zu- 
sammenhang stehen mit friiheren Ergebnissen [9], 
[10], [11] zur Unterschiedsschwelle der Tonhéhe. 
Diese verlauft im Bereich von etwa 600 -:- 3000 Hz 
linear und steigt nach tieferen Frequenzen stark an. 
In unserem Falle reicht dagegen bei Akkordeons 
der lineare Teil noch bis zu etwa 90 Hz. AuBerdem 
betragt die Unterschiedsschwelle der Tonhéhe im 
linearen Teil etwa 3 Promille [10], [11], wahrend 
sich Fehler der temperierten(!) Stimmung von + 0,3 
Promille oder noch kleiner héren lassen. 

Wenn man annimmt, daB diese friiheren Ergebnisse 
im wesentlichen auch heute noch gelten, wiirden 
sie zum Mechanismus des Stimmens zeigen, daB 
sich das Stimmen der tiefen und mittleren Klange 
hauptsachlich auf die hohen Teilténe stiitzt. Zur 
gréBeren Hérgenauigkeit beim temperierten Stim- 
men haben sich jedoch bisher keine Gesichtspunkte 
finden lassen, die diese erklaren konnten, so daB es 
vielleicht doch zweckmaBig ware, die Messungen 
zur Unterschiedsschwelle der Tonhéhe mit guten 


Berufsstimmern zu wiederholen. E. MEYER (l.c.) 
weist in seinem Handbuchaufsatz nicht zu Unrecht 
darauf hin, daB in diesen Fragen Ubung und musi- 
kalische Veranlagung eine ganz wesentliche Rolle 
spielen. 
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THE EFFECT OF VOICING ADJUSTMENTS 


ON THE TONE QUALITY OF ORGAN FLUE PIPES 
by D. M. A. MERcER 


Physics Department, The University, Southampton 


Summary. Details are given of the tonal effects of the chief adjustments which may be made to 
a pipe. The effect of pipe diameter in limiting the number of harmonics is explained. Edge tones are 
shown to be confined to the initial sounds emitted by a pipe, and a new theory of operation of the 
flue pipe is put forward. 


Sommaire. On indique en détail l’influence, sur la qualité du son, des principaux réglages qu’on 
peut faire sur un tuyau d’orgue. On explique comment le choix du diamétre du tuyau permet de limiter 
le nombre d’harmoniques. On montre que les sons d’aréte n’apparaissent qu’au début de 1’émission 
sonore d’un tuyau, et on propose une nouvelle théorie du fonctionnement du tuyau 4 embouchure. 


Zusammenfassung. Es werden Einzelheiten tiber die klanglichen Auswirkungen der Bemessung 
und Einrichtung von Orgelpfeifen angegeben. Die Begrenzung der Zahl der Oberténe durch richtige 
Wahl des Pfeifendurchmessers wird erklart. Es wird gezeigt, daB Schneidenténe auf die Einschwing- 
vorgange der Orgel beschrankt sind, und eine neue Theorie der Arbeitsweise der Lippenpfeife wird 


Zoi 


entwickelt. 


1. Introduction 


This investigation was confined to open metal 
cylindrical pipes ("open diapason’’) 0.05 m dia- 
meter, 0.64 m long, giving 261 c/s. Measurements 
were made in a small anechoic room. Steady tones 
were analysed with a Marconi heterodyne wave- 
analyser and a Briiel & Kjaer level recorder, and 
starting transients with a single stroke C.R.O. The 
microphone (crystal) was 0.05 m from the mouth, 
thus measuring the sound pressure due only to the 
mouth. 


2. Voicing adjustments 


Referring to Fig. 1, air under pressure passes 
through the foothole and escapes from the flue, 
interacting with the upper lip. ’’Voicing’’ operations 
are needed to make the pipe sound its note properly 
[1]; the principal ones examined were as follows: 


Upper lip 


Languid. 
Lower lip a 


Flue 


Foothole 


Fig. 1. Diagram of lower part of typical flue pipe. 


a) ’’Nicking’’, i.e. cutting notches in the edges 
of the flue, is found chiefly to reduce the background 
noise (Fig. 2). The explanation is suggested that the 
sharp velocity gradient at the edge of the wind- 
stream causes turbulence and small eddies enter the 
pipe irregularly, giving random noise. The air 
flowing through the nicks reduces this velocity 
gradient, and reduces the turbulence. Pipes with low 
windstream velocities (REYNOLDs’ number < 1 000) 
do not need nicking. 
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Fig. 2. Top, un-nicked pipe; bottom, nicked pipe. The 
arrow in top figure indicates the theoretical ’’limiting 
frequency”. 

There is an increase in sensitivity of 30 dB after the 
3rd harmonic. 


b) Increasing the foothole increases the number 
and intensity of the harmonics, while 

c) "Cutting up” the mouth, to make the upper 
lip higher, reduces them. Neither of these altera- 
tions, however, greatly affects the fundamental. 

d) Altering the height of the languid edge in 
relation to the upper lip has a great influence on the 
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tone. If it is high, the harmonics are increased and 
the initial transient (which is important musically) 
is built up slowly (Fig. 3), and vice versa. 
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Fig. 3. Starting transients: a) low languid; b) high languid. 


3. Effect of pipe diameter 


The chief damping in a flue pipe is by radiation, 
both at the open end and at the mouth. Considering 
each as a piston radiating in a baffle, there is a phase 
change at each [2] dependent on frequency, and at 
certain frequencies the total phase change of a wave 
reflected first at the open end and then at the mouth 
will be 180°. Such frequencies cannot develop. The 
theoretical ’’limiting frequency” is marked in Fig. 2. 
A larger pipe diameter or a larger mouth area gives 
a greater phase change, and thus a lower "limiting 
frequency”’. 


4, Edge-tones 


If the body is cut off a pipe, leaving only the 
upper lip, a complex edge-tone is produced. The 
windstream velocities at which any of its compo- 
nents coincide with any of the first few harmonics 
of the pipe are found to be those at which the pipe 
whistles’ before it comes to full speech. At the 
windstream velocities for normal speech, however, 
the edge-tone frequencies are far above the funda- 
mental, and appear to have little influence on the 
higher harmonics. It thus appears that edge-tones 
play little part in normal speech. 


5. Operation of flue pipe 


A new theory will now be postulated, being similar 
to the older "’air-reed”’ theories, but representing a 
considerable advance on them. 

The windstream from the flue induces an airflow 
from its sides, behaving qualitatively as a ’’BICKLEY 
jet” [3], Fig. 4b. Measured velocity profiles are 
shown in Fig. 4a. It thus abstracts air through the 
mouth from inside the pipe. This causes a rare- 
faction, and the windstream, which is normally 
directed outwards, is forced to blow into the pipe. 
This causes a compression and it is forced to blow 
out again, to continue the cycle. 
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If it be assumed that the velocity at the edge 
of the upper lip (a-b in Fig. 4a) represents the initial 
rate of abstraction in each cycle, the natural fre- 
quency of this process can be approximately cal- 
culated, and agrees reasonably well with observation. 
Normally, however, the standing-wave system in 
the pipe will exert considerable stabilisation; but 
if, due to a higher windstream velocity and hence 
more rapid abstraction, the ’’mouth-frequency”’ is 
too high, the pipe may ultimately sound a harmonic. 

This condition may be cured by pushing in the 
upper lip or cutting it up more; in each case, due 
to the shapes of the-velocity profiles, the velocity 
at the edge of the upper lip will be lower, giving 
slower abstraction. An obstruction placed outside 
the mouth gives a similar effect, since it impedes the 
induced airflow and thus causes the windstream to 
be directed further outwards. 


Languid 


@® NY Lower lip 


Fig. 4. (a) Measured velocity profiles in windstream, 
(b) Theoretical two-dimensional jet. 


The sound intensity is approximately calculable, 
since the peak rarefaction must deflect the jet suf- 
ficiently to blow inside the pipe. Such calculations 
agree fairly well with observation. Clearly intensity 
will increase with windstream velocity. 

Further details of this work are being communi- 
cated elsewhere. 
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Discussion 


Gavreau, V.: Nous étudions actuellement le fonctionnement 
de sifflets qui peuvent étre considérés comme le cas limite 
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d'un tuyau d’orgue et j’ai trouvé expérimentalement en 
décomposant un sifflet réel en ses parties constitutives: 
"jet’’-"’couteau’’-’’résonateur” qu’aucun son n’était émis 
tant que ces éléments étaient séparés, ce qui démontre l’im- 
possibilité d’expliquer le fonctionnement d’un sifflet de 
police ordinaire par la théorie du ’’son du jet” ou ’’son 
de couteau’’. On est ainsi obligé d’admettre l’exactitude 
de la théorie classique de HELMHOLTz et de Lord RAYLEIGH. 


La théorie des tourbillons et des sons de couteau n’est 
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valable que pour les vitesses d’air dépassant largement celles 
qu’on utilise dans les sifflets et dans les instruments de 
musique. 

THIENHAUS, E.: Wie gro8 ist der Winddruck bei den unter- 
suchten Pfeifen ? 

LEcTuRER: Ungefahr 85 mm Wassersdule unter dem Pfeifen- 
fuB, entsprechend ca. 45 mm (= h) unter dem Kern. Die 
Windgeschwindigkeit ergibt sich aus: v = 4 Vh (vin m/s, 
h in mm). 


WELCHE MOGLICHKEITEN BESTEHEN FUR EINE SINNVOLLE 


ANWENDUNG ELEKTRONISCHER MUSIKINSTRUMENTE? 


von W. MEryER- EPPLER 
Institut fiir Phonetik und Kommunikationsforschung der Universitat Bonn, Deutschland 


Zusammenfassung. Die elektronischen Musikinstrumente geben zusammen mit den Tonspeiche- 
rungsverfahren und den Schaltelementen der Tonfrequenztechnik dem Komponisten ein neues Ge- 
staltungsmittel in die Hand. Aufgabe des Akustikers ist es, den Komponisten iiber die sich dar- 
bietenden Moéglichkeiten.zu unterrichten. Ein beim Nordwestdeutschen Rundfunk in K6ln ein- 
gerichtetes ,,elektronisches Studio’’ soll der Verwirklichung neuer Kompositionsgedanken dienen. 


Summary. Electronic music instruments give by the choice of tone components a new medium 
to the composer. It is the business of the acoustic expert to educate composers in these possibilities. 
The Cologne Broadcasting Station has built a special electronic studio” for the use of composers. 


Sommaire. Les instruments de musique électroniques offrent aux compositeurs un nouveau 
moyen d’expression, grace aux procédés d’enregistrement et de la technique des audio-fréquences. 
Il incombe a l’acousticien de montrer aux compositeurs les possibilités qui leur sont offertes dans 
ce sens. Un "Studio électronique” installé a Cologne, dans les Services de la Radiodiffusion du 
Nord-Ouest de l’Allemagne, doit précis¢ément servir 4 étudier de nouveaux modes de composition 


musicale, 


Obwohl die elektronischen Klangerzeuger so alt 
sind wie die Verstarkertechnik und der Rundfunk, 
und obwohl sie verschiedentlich Lésungsformen ge- 
funden haben, die dem Naturwissenschaftler oder 
Techniker reizvoll erscheinen kénnen, ist ihre Wir- 
kung auf die Musik bisher praktisch ohne Bedeutung 
geblieben. Fragt man nach den Ursachen fiir die 
Ablehnung der von der Industrie und von Erfindern 
angebotenen Klangerzeuger durch die Musiker, so 
erfahrt man in der Regel, es gebe bereits so hoch- 
vollendete mechanische Musikinstrumente, daB 
jeder Versuch, diesen etwas Gleichwertiges auf elek- 
trischer Grundlage an die Seite zu stellen, zum 
Scheitern verurteilt sein miisse. Diesem Argument 
kénnte man beipflichten, wenn es wirklich der 
Zweck eines elektronischen Musikinstruments ware, 
Klange zu erzeugen, die den herkémmlichen Instru- 
mentalklangen ahneln oder diese gar imitieren. 
Seltsamerweise nun haben viele Erbauer von elek- 
tronischen Klangerzeugern den Ehrgeiz, gerade 
solche Instrumentalimitatoren zu schaffen. So wenig 
kiinstlerischen Sinn es jedoch hatte, Pseudo-Bronze- 
plastiken aus passend gefarbtem Polyvinylchlorid 
herzustellen, so absurd ist der Gedanke, das Violin- 
konzert von Beethoven auf einer elektronischen 
Pseudo-Violine zu spielen. Jedem Werkstoff und 


jedem Instrument kommt eine ihm allein angemes- 
sene Bearbeitungs- oder Behandlungsweise zu, und 
die bloBe Ubernahme einer bewahrten kiinstleri- 
schen Gestaltungstechnik in ein ganz anders ge- 
artetes Gebiet geniigt nur selten den berechtigten 
Anspriichen auf eine materialgerechte kiinstlerische 
Form. 

Die fiir traditionelle Instrumente geschriebene 
Musik muB mithin gegen jeden Versuch geschiitzt 
werden, ihr elektronische Instrumental-Imitatoren 
aufzuzwingen; eine Ausnahme bildet méglicherweise 
die Unterhaltungsmusik. Ganz anders aber ist die 
Lage, wenn einer der lebenden Komponisten sich ent- 
schlieBt, ein ihm geeignet erscheinendes elektroni- 
sches Instrument bei der musikalischen Gestaltung 
zu verwenden. Welchen Gebrauch er von diesem 
Instrument macht, ist eine Angelegenheit, die er 
allein zu vertreten hat. Vom naturwissenschaftlichen 
Forscher und insbesondere dem Akustiker erwartet 
er nicht Billigung oder Ablehnung seines Vorhabens, 
sondern fachliche Unterrichtung. Ob der spatere 
Hoérer dann das Ergebnis der Beschaftigung mit 
den vom Akustiker bereitgestellten Kompositions- 
mitteln als Musik oder Gerausch oder sonstwie be- 
zeichnet, liegt auBerhalb des wissenschaftlichen Dis- 
kussionsbereichs. 
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Es soll im folgenden versucht werden, einige der 
Kompositionsmittel zu nennen, die fiir die elektro- 
nischen Klangerzeuger kennzeichnend sind und die 
kein Gegenstiick bei den klassischen Musikinstru- 
menten und Kompositionsmethoden haben [1]. 

Von den mechanischen unterscheiden sich die 
elektronischen Instrumente hauptsachlich dadurch, 
daB sie nicht Schallerzeuger, sondern Strom- oder 
Spannungserzeuger sind. Die Ubersetzung in den 
Schallbereich mu8 durch elektroakustische Wandler, 
z.B. Lautsprecher, vermittelt werden. Da nun die 
elektrischen Stréme die zu verarbeitende Materie 
darstellen, liegt es nahe, als Kompositionsmittel die 
in der Tonfrequenztechnik gebrauchlichen Er- 
zeugungs-, Mischungs- und Umwandlungsver- 
fahren einzusetzen. Als besonders naheliegend mu8 
man also die Gestaltung im elektrischen Bereich an- 
sehen, und es ware ein — vielleicht gelegentlich 
einmal zu rechtfertigender — Umweg, wollte man 
die elektrischen Schwingungen zuvor in Schall ver- 
wandeln. 

Einige der bereits bei Kompositionsversuchen 
verwendeten elektrischen Gestaltungsméglichkeiten 
seien hier angefiihrt. Die hochentwickelten Spei- 
cherungsverfahren (Lichtton, Nadelton, Magnetton) 
bieten die Moéglichkeit, den ZeitmaBstab bei der 
Herstellung der Komposition anders zu wahlen als 
bei der Wiedergabe. Im Grenzfall kann die Bearbei- 
tung der Komposition bei ruhendem Schalltrager 
erfolgen (z.B. durch Zeichnen der Tonspur mit 
Pinsel und Feder oder durch Aneinanderkleben von 
Bandstiicken) ; der musikalische KompositionsprozeB 
gewinnt dann Ahnlichkeit mit der Maltechnik. Der 
Geschwindigkeit in der Aufeinanderfolge von 
Schallereignissen sind bei diesem Verfahren keine 
Grenzen gesetzt, und so nimmt das Ergebnis leicht 
den Charakter einer 4uRerst virtuosen Auffiihrung 
an, obgleich von einer ,,Auffiihrung’”’ im iiblichen 
Sinne nattirlich keine Rede sein kann; das vom 
Komponisten in allen Einzelheiten ausgearbeitete 
und in verbindlicher Form — etwa als Magnetton- 
band — vorgelegte Werk bedarf ja keiner Interpre- 
tation durch einen ausiibenden Kiinstler mehr. 

Eine solche ,,authentische’’ Bandkomposition 
ist der Wiedergabe durch den Rundfunk artgemaBer 
als etwa die bisher iibliche Musikiibertragung aus 
dem Konzertsaal [2], ohne daB damit der letzteren die 
Berechtigung als Unterrichtungs- und Belehrungs- 
mittel abgesprochen wiirde. 

R. Breru [3] hat darauf hingewiesen, daB viele der 
als ,,Musikinstrumente’’ angebotenen elektronischen 
Klangerzeuger grundsatzlich nichts zu leisten ver- 
md6gen, was nicht auch mit mechanischen Instru- 
menten zu erreichen ware. Dies gilt jedoch fiir die 
mit Speicherverfahren arbeitende Kompositions- 
technik nicht mehr. Auch die Einfiithrung nicht- 
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linearer Elemente (Gleichrichter, Modulatoren, 
Elektronenschalter) in das Kompositions-Instru- 
mentarium stellt eine im mechanischen Bereich nur 
schwer nachzubildende MaBnahme dar. Die am 
starksten von allen gewohnten Klangen abweichen- 
den Wirkungen erzielt man demgemaB gerade mit 
solchen nur im elektrischen Bereich wirksamen Mit- 
teln. 


Modulator 


Saigezahn 


Abb. 1. Anordnung zur multiplikativen Mischung. 


So lassen sich z.B. die von zwei Schwingungs- 
generatoren erzeugten Schwingungen dadurch in 
ungewohnte Beziehungen zueinander bringen, daB 
man sie nach Abb. 1 miteinandeg multipliziert. Bei 
ganzzahligem Frequenzverhialtnis der beiden Kom- 
ponenten ist das Ergebnis eine periodische Schwin- 
gung von eigenartiger spektraler Zusammensetzung; 
man kann es beispielsweise so einrichten, daB alle 
durch 3 oder 4 oder 5 teilbaren Harmonischen weg- 
fallen. Eine geeignete Nomenklatur fiir die so ent- 
stehenden Klange fehlt naturgema8 noch. Ersetzt 
man eine der periodischen Schwingungen durch 
farbiges Rauschen, so ergeben sich akustische Wir- 
kungen, die zwischen reinem Klang und reinem 
Gerausch liegen und der einen oder anderen Grenze 
beliebig genahert werden kénnen. 


Abb. 2. Steuerpult im elektronischen Studio des NWDR 
Koln. 


Ein elektronisches Studio, das dem Komponisten 
die selbstandige Gestaltung von Bandkompositionen 
ermoglicht, kann naturgem48 nur wenig Ahnlichkeit 
mit einem Studio haben, in dem in herkémmlicher 
Weise musiziert wird. Abb. 2 und 3 zeigen Aus- 
schnitte aus dem von F, ENKEL beim Nordwestdeut- 
schen Rundfunk in Kéln eingerichteten Studio; es 
ist mit Schwingungsgeneratoren nach F. Travut- 
WEIN (,, Trautonium”’) und H. Bone (,,Melochord’’) 


I 

| 
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Abb. 3. Bopg-Melochord im elektronischen Studio. 
a = Aussteuerungsmesser, b = Klangfarbenmanual, 
c = Tonhdhenmanual (schwarze Tasten links von 
b und c dienen zur Oktavenwahl). 


von einer den besonderen Anforderungen der Band- 
komposition entsprechenden Konstruktion ausge- 
riistet. Eine automatische, von F> ENKEL entwickelte 
Schaltanlage gestattet es dem im Studio tatigen 
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Komponisten bzw. dem ihn unterstiitzenden Ton- 
techniker, die jeweils erforderlichen Schaltungen 
(Verbindung der Klanggeneratoren untereinander 
und mit den verschiedenen Aufnahme- und Wieder- 
gabemaschinen, Filtern, Verhallern, Verzerrern 
usw.) rasch und sicher auszufiihren. 
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Diskussion 


WINCKEL, F,: In der oberen Stimme des vorgefiihrten Bandes 
ist ein Tremolo zu héren, in der unteren Stimme ein 
ziemlich stationarer Vorgang. Worauf ist dies zuriick- 
zufiihren 2? 

VORTRAGENDER: Das Tremolo kann willkiirlich in jede Stimme 
eingeftihrt werden. Es sollte hier die Unterscheidung der 
beiden Stimmen erleichtern. 


THE CHARACTERIZATION OF SOUND OBJECTS 


BY USE OF THE LEVEL RECORDER IN MUSICAL ACOUSTICS 


by A. Mo.es 
Centre d’Etudes Radiophoniques, Paris 


Summary. A musical sound is a quasi-periodic phenomenon, best expressed by a tri-dimensional 
representation in terms of level, pitch, duration, the perception of which follows FECHNER’s law. 
The logarithmic bathymeter only gives recordings of the level-time plane, under various restrictions, 
so we have developed a method of classification of the signals on punched cards which can be applied 
either to noises or musical sounds. 


Sommaire. Le signal musical est un phénoméne non périodique a degré de périodicité élevé, 
exprimé le plus adéquatement par la représentation tridimensionnelle: Niveaux, hauteurs, temps ou 
durées, la perception de ces trois grandeurs suivant la loi de Fechner. Le bathymétre logarithmique 
enregistre seulement le plan Niveaux-Durées avec diverses restrictions de principe, exprimées théori- 
quement par la notion d’ ’Intégrale de lissage’”’ logarithmique: 
he (l+e)z 

(z) = asl f (2) dz. 

a2) 
Pour les applications 4 |’étude du signal musical, nous avons développé une méthode générale de 
classification des objets sonores sur cartes perforées qui permet une sélection ultérieure a partir de 
tel ou tel critére désiré a priori. Une telle méthode peut’ étre utilisée pour des études quantitatives 
des bruits et des sons musicaux. 


Zusammenfassung. Musikalische Schallvorgange stellt man am besten dreidimensional durch 
Pegel, Tonhdhe und Zeitdauer dar, da die Empfindungen dieser drei GréBen dem Fechnerschen 
Gesetz gehorchen. Dazu 148t sich ein logarithmischer Pegelschreiber verwenden, der nur die Ebene 
Pegel-Zeit aufzeichnet. Weiter wurde eine allgemeine Klassifikationsmethode unter Verwendung 
von Lochkarten entwickelt, die eine spatere Auswahl nach bestimmten Gesichtspunkten erméglicht 
und bei quantitativen Untersuchungen an Gerduschen und musikalischen Vorgangen verwendet 
werden kann. 


Let us start with the assumption that musical 
signals are not strictly periodic. In fact, they are a 
sequence of transients with a high degree of peri- 
odicity (this is the mathematical expectancy of 
knowing what will follow after what we know now 


of the phenomenon). This idea, on statistical grounds, 
can be expressed by the auto-correlation integral of 
WIENER. 

The perception of the instantaneous degree of 
periodicity is a psychophysiological process in the 
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upper centres of the brain — a process not clearly 
explained hitherto. We will retain as fundamental 
rule that an objective study must include, as R. 
VERMEULEN clearly said in his general lecture, a 
psychological approach. 

A musical signal as a particular kind of ’’sound 
stuff” requires first an adequate description. It is 
often impossible with very complex sources such as 
the orchestra — especially in most recent music 
(STRAVINSKY, SCHONBERG, CHAVEZ) to define clearly 
the pitch of the signal, and the concept itself of pitch, 
although clear as regards separate instruments, 
becomes indistinct. 

There remains only a colour” which is the direct 
perception of the spectrum shape, and the evolution 
of spectra in time is the chief objectively unequivocal 
concept. 

The most adequate representation is the tri- 
dimensional: level, pitch, time (Fig. 1), which we 
have discussed in previous publications. We will 
naturally use for the axes physical quantities closely 
related to FECHNER’s law — taken as the first ap- 
proximation to psycho-perception. 


Level 
Dynamical plane (shapes) 
Body ! Extinction 


Harmonical'- 
Planes), /, 
(spectrum) 


Time t 
or 
Duration 0 


4 4 
Melodical plate 
50 fessitura,’ Evolution 
4 
7 


Frequency 


Fig. 1, Three-dimensional diagram of the complex tone. 


A 1 
L = 20 log A, id: Aaa» Ge 0.301 log £ octaves. 


A = sound pressure, 
Ay = threshold of sound pressure feeling 
(2-10->N/m?), 


f =frequency in c/s, 
fo = threshold of frequency feeling (16 c/s approxi- 
mately). 


As regards the scale of the time axis either we are 
interested in the signal as a whole for instance in a 
record disk, or a magnetogram, when there is no a 
priori reason for giving special interest to any parti- 
cular instant: accordingly, we shall divide the time 
axis with seconds marks, corresponding to the length 
of a magnetogram; or, alternatively, we are dealing 
with the properties of one of the transient phenom- 
ena whose sequence builds up the signal and we 
study it in relation to its influence on the individual 
and his perception. In that case, we will conse- 
quently be interested not in the time expansion, 
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but in the evolutive perception of this transient or 
group of transients, involving the notion of duration 
as fundamental element. We will be led therefore 
to apply general sensation rules, especially the 
FECHNER law — disregarding its inaccuracy — and 
to use a logarithmic scale: : 


6 = K log — 
0 


tp being what’psychologists call the ’thickness of the 
present’’, i.e. the short duration where two distinct 
physical phenomena appear simultaneously to the 
mind, in other words the threshold of time per- 
ception (1/10 --- 1/20 s). 


Such a tridimensional diagram, in which we point 
out the homogeneity of expression of the three 


scales, will express adequately the relative impor- 
tance of different parts of a whole, which we will 
call sound object or sound cell according to its com- 
plexity, bringing out more correctly the relative 
importance of the initial transients or consonants 
in speech, which is here considered as a peculiar 
kind of musical signal. 

Naturally, such a division is not arbitrary, it may 
be given an objective basis. The. best way of testing 
this idea is to cut off random lengths from a mag- 
netogram and play them separately. It is then noticed 
that some definite zones of length bring more in- 
teresting results than others as representing the 
auditory sensation of a whole. Among them are the 
sentences in speech (definite duration of about 5 
to 10 seconds), which are complex organized forms 
which we shall call cells and other shorter snippets, 
1 second approximately, which possess a centre of 
interest and define what we have called sound objects 
in which the spectrum follows a continuous evolution 
after a type. Naturally, these divisions will only 
occasionally coincide with the tones and notes of 
scores: the complex tone is, not infrequently, given 
as a whole in the duration of 0.7 s, corresponding 
to a loop on a 78 rev/min record. 

We have been led to make a critical study of the 
properties of the tridimensional diagram, especially 
concerning transient shapes. 

We know that the galvanometer system in a high- 
speed level recorder is able to write correctly up to 
1000 dB/s AL/At phenomena, but it must be pointed 
out that the system acting on the galvanometer coil 
is a rectifier and consequently integrates after its 
own personal point of view, the complex phenomena 
which can be applied to the input terminals. Conse- 
quently, if we have been able to verify with a 
cathode-ray oscillograph the performance quoted 
above for sine waves with simple laws of increment, 
we have noticed many differences in the details of 
the curves of very fast increment such as transients 
of wind or string instruments: the average AL/At 
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being approximately the same as on the oscillograph 
film records, but the shape being, above 400 dB/s, 
widely different from 


dlog A? dL 
dt medic 


This fact is especially noticeable when there is a 
sudden change in the spectral composition of the 
transient, as is the case with pizzicati or staccati of 
strings, in which a line spectrum merges out of the 
initial continuous spectrum. This would theoretically 
lead to the conclusion that the bathymeter, even the 
high speed model, is an inadequate instrument for 
transient studies and that we are thrown back on 
elaborate logarithmic transformations of oscillograph 
films — a typically awkward method, not to speak 
of the price of films — especially considering the 
complicated shapes of transients given by attacks 
of musical instruments which are, as BackHaus has 
shown a long time ago, appreciated by the mind as 
a whole, as what psychology calls a ’’Gestalt”’. But 
it must be always borne in mind that only the psycho- 
physiological feelings interest us in such studies, and 
this gives a new approximation tolerance: the one 
within which the ear does not feel noticeable level 
variations. We have shown in a previous study that 
there is at least a tolerance margin of + 2.5 dB, 
which means that any shape given by an apparatus 
is correct when it differs from the real shape by less 
than + 2.5 dB, and probably much more in transient 
states, the above figure having been established for 
slowly varying acoustical signals (Fig. 2). 


— +» level 


Time 


Fig. 2. Margin of tolerance unnoticeable to the ear. 


This consideration enlarges the tolerance of the 
perhaps too strict BACKHAUS point of view and leads 
to a doctrine as to the possible uses of the high-speed 
bathymeter for transient studies; for instance it seems 
quite right to make use of it for a large number of mu- 
sical instruments and consonant phonemes (Fig. 3). 
The same phenomenon of ’’time averaging”’ naturally 
occurs in the ’’body”’ of the complex tone or phoneme 
but practically to a lesser extent so that it is generally 
negligible with a good writing speed adjustment. 

A general study of all the previous phenomena of 
averaging by any type of recording apparatus can 
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be made by the consideration of the two smoothing 
functions” as follows: 
1) Linear smoothing integral: 


fice (©) = x5 | f(@) do 


here written with w as variable, which is especially 
the case in frequency-response measurements, but 
having analogous expressions in t as variable or with 
any other variable. This notion of smoothing integral 
applies to any system of recording. 


Original 
re Recorded 
a rad 


, 


Recorded 
NS ees 


/Original 


Level 
Level 


—» Time 


@ 


—+» Time 


Fig. 3. The kind of errors allowed to the high speed level 


recorder; 
(a) wrong, (b) satisfactory. 

We shall conclude by an example of an application 
to a problem which assumes a growing importance 
in new electronic and concrete music, viz. the classi- 
fication of sound objects. Music being defined as a 
time dialectic, we are led to consider it as the 
assembly of sound shapes in a structural pattern. 
Analytical study of traditional orchestral music or 
synthetic experiments on the creation of new musical 
sequences focuses attention on a large number of 
sound objects removed from their time sequence. 

Such sound shapes must be,considered as basic 
material and consequently classified in a way 
allowing one to find any of them out of the stock 
as required. This involves a special problem of 
classification. We may require for instance ’’any cell 
of four notes with sharp transients and no rever- 
beration, decrescendo along the four, of mean 
tessitura and timbre typical of Mozart’s classical 
orchestra’, or for "any steam locomotive isolated 
tone, with a definite inharmonic line spectrum and 
with the component lines reverberated, having a 
fundamental of C’’. 

We have tried to solve this problem by proposing 
a repertory of typical criteria of the sounds studied 
and classifying them on a punched-card system, 
allowing one to select on request any sound object 
showing such or such criteria. Naturally, it must be 
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pointed out that among the essential criteria of sound 
diagrams only a part is relative to the L,t plane, 
consequently a great many interesting criteria, espe- 
cially in the colour of the sound, do escape this classi- 
fication, but the system of punched cards presents 
the peculiarity of allowing any widening of classifi- 
cation without destroying previous work. Besides, we 
can in such a way, make the card an identifying card 
perfectly characteristic of the sound object, i. e. giving 
a biunivocal correspondence between sound shape 
and card. We quote typical shape characteristics: 


Initial Body of Final 
General transient | complex tone transient 

Duration | aeolian vibrated sudden 
Symmetry | abrupt undulated smooth 

steep constant beating 

gradual | declining reverberated, steep 

pinched | mosaic reverberated, gradual 

artificial | evoluting coloured 

stepped up} clipped 


Each card has a "criteria’’ capacity of about 
120 binary characters (yes, no). 

Practically, the classification possibilities may be 
widely extended and brought closer to the musician’s 
needs by making with the level recorder three 
different diagrams: 

1) bass under 400 c/s, 

2) medium between 400 and 1 600 c/s, 

3) treble above 1 600 c/s, 
and our problem now is to make a closer connexion 
between the identification cards and the utilization 
cards. These cards are assembled in two files by 
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means of metal rods, which are placed through the 


perforated holes expressing the above criteria either — 
in a qualitative or quantitative manner. This makes — 
the "identifying filing box’. We must then build 


a new “utilization filing box’’ which will provide 
the criteria specifically interesting the musician 
(J. PouL.tn). 
In conclusion, we must point out: 
a) Such a classification, here presented only from 
the qualitative point of view, may be without any 
difficulty changed to a quantitative one. It suffices 


to leave enough punched holes for numerical 


expressions, e.g. of extinction time and body 
length. 

b) Such a classification which has been made for 
the purposes of concrete music and musical signal 
studies is naturally valid for any identification 
of sound objects, especially for: noise studies, 
functional studies of musical instruments, elec- 
tronic music, speech identification. 
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RECENTS RESULTATS OBTENUS DANS L’ETUDE ELECTROACOUSTIQUE 
DE LA CAISSE HARMONIQUE DES INSTRUMENTS A ARCHET 


par G. PASQUuALINI 
Istituto Nazionale di Ultracustica ’’O. M. Corbino’”’, Roma 


.) 


Sommaire. 


Plusieurs chercheurs ont employé des méthodes électro-acoustiques pour l’étude des 


instruments 4 archet. En particulier 4 l’Istituto di Ultracustica ’’?O. M. Corbino’’ (Rome) ona dé- 
veloppé une méthode pour la mesure de l’amplitude de vibration de la caisse harmonique de ces 
instruments, dont on excite les vibrations forcées au moyen d’une force sinusoidale 4 amplitude 
constante et a fréquence variable. L’examen des courbes caractéristiques, amplitude de vibration- 
fréquence, conduit a des conclusions trés importantes a l’égard des qualités musicales des instruments. 
L’évaluation de ces qualités est réduite 4 un jugement objectif qui concerne essentiellement les 
vibrations élastiques de la seule ’’table d’harmonie’’. On donne aussi les résultats obtenus dans un 
grand nombre d’essais sur des violons de construction moderne ou restaurés. 


Zusammenfassung. Nachdem schon mehrfach elektroakustische Methoden zur Untersuchung 
von Streichinstrumenten benutzt wurden, hat man speziell im Istituto di Ultracustica ,,O. M. Corbino” 
(Rom) eine Methode zur Messung der Schwingungsamplitude des Klangkérpers solcher Instrumente 
entwickelt, bei der man mit sinusférmiger Kraft konstanter Amplitude und variabler Frequenz 
erzwungene Schwingungen anregt. Die Frequenzkurve der Schwingungsamplitude liefert wichtige 
Aufschliisse iiber die musikalischen Eigenschaften des Instruments. Bei der Auswertung beschrankt 
man sich auf eine objektive Beurteilung, die im wesentlichen die elastischen Schwingungen des Reso- 
nanzbodens betrifft. Weiter werden Ergebnisse einer groBen Zahl von Versuchen an Geigen moderner 


oder alterer Konstruktion angegeben. 
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Summary. Electro-acoustical methods have been often used to study bowed-string instruments 
and, in particular at the O. M. Corbino Institute of Ultrasonics at Rome, the amplitude of vibration 
of the belly of such instruments, set in forced vibration by an S.H.M. of constant amplitude and 
varied frequency has been measured. An examination of the response characteristics leads to important 
conclusions about the musical quality of the instruments derived as purely objective judgements. 
Results are given from a large number of tests on modern and antique (restored) violins. 


1. Plusieurs chercheurs ont déja employé des 
méthodes électroacoustiques pour évaluer objective- 
ment les instruments a archet et leur résultats 
principaux sont généralement bien connus [1] «-- [11]. 

A l'Institut d’Ultra-acoustique ’’Corbino’, du 
Conseil National des Recherches (Rome), l’auteur 
a effectué des recherches systématiques sur les 
caisses harmoniques des violons, afin de remplacer 
le jugement artistique subjectif concernant la 
"bonté”’ de ces instruments par un jugement ob- 
jectif, basé sur l’examen des courbes caractéristiques 


_ obtenues par des méthodes électroacoustiques. 


La différence essentielle entre notre méthode de 
mesure et celle adoptée par d’autres chercheurs 
réside dans le type d’excitation des vibrations. En 
effet, on avait toujours fait vibrer le violon en 
agissant sur les cordes (a l’aide d’un ’’archet auto- 
matique”), et on avait mesuré l’intensité des sons 
émis aux différentes fréquences (analyse harmoni- 
que), ou bien on avait déterminé les différents modes 
des vibrations, du corps résonnant (relief des lignes 
nodales). Avec notre méthode, par contre, on excite 
directement la caisse harmonique, sans cordes, sur 
une petite aire centrale de la table d’harmonie 
(correspondant a la position habituelle du ’’cheva- 
let’); la force vibromotrice, sinusoidale, est obtenue 
par excitation électrostatique, 4 l’aide d’une élec- 
trode a proximité de la surface a4 exciter qui a été 
métallisée. 

On a fait varier progressivement la fréquence 
d’excitation de la caisse harmonique, et on a en- 
registré auttomatiquement l’amplitude de vibration 
en fonction de la fréquence (courbe de réponse). 

Dans les courbes de réponse, les fréquences de 
résonance, auxquelles correspondent les amplitudes 
maxima de vibration, ont un intérét évident, de 
méme que la valeur moyenne de l’amplitude dans 
toute la gamme acoustique, ou dans une gamme de 
fréquences donnée. 

L’auteur a déja exposé le résultat de ces expérien- 
ces [12], [13] qui ont prouvé la corrélation trés 
étroite qui existe entre le jugement artistique des 
violons et l’allure des courbes de réponse. Nous 
avons montré, par exemple, que l’examen des cour- 
bes de réponse permet de suivre, et par conséquent 
de prédire, la dépendance des caractéristiques acou- 
stiques d’un violon de la présence et de la position 
de l’Gme. Par le simple examen des courbes de 
réponse on a aussi pu établir, entre certaines limites, 
si un violon posséde les qualités fondamentales des 


instruments parfaits au point de vue acoustique 
(puissance acoustique, équilibre, sensibilité, timbre). 
Pour le timbre il faut tenir compte de la position 
des fréquences de résonance dans les gammes de 
fréquences choisies. Pour ces termes des définitions 
exactes de langage technique ont été données per- 
mettant une interprétation aisée du point de vue 
artistique. 

Une série d’essais a établi l’importance fondamentale 
de la "table d’harmonie’”’ a l’égard du fond et des 
éclisses; ceci se déduit en comparant les courbes de 
réponse des différentes parties du violon: table- 
fond-éclisses-touche, ou les courbes de réponse d’un 
méme violon soit avec les éclisses et le fond d’érable, 
soit avec des éclisses en aluminium et un fond en 
plomb. 

On a ainsi démontré que les épaisseurs des 
planches, et en particulier celles de la table d’har- 
monie, ont une grande importance vis a vis de la 
puissance acoustique émise. Contrairement 4 ce qui 
a été souvent affirmé, le vernis n’a pas du tout une 
influence considérable sur la puissance acoustique, 
mais il agit sur le timbre, c’est-a-dire sur la qualité 
du son. 


2. D’aprés ces conclusions il est apparu évident 
que pour étudier le probleme de la bonne construc- 
tion des violons et de la restauration des instruments 
anciens, ce qui est d’un grand intérét historique et 
artistique, on pouvait se borner essentiellement a 
analyser les caractéristiques physiques de la table 
d’harmonie. Dans ce but, on a construit un violon, 
qui a été jugé excellent, de la facon suivante: pour 
le fond et les éclisses on a employé du bois, de forme 
et d’épaisseurs traditionnelles, puisqu’il a déja été 
montré que ces éléments ont une importance trés 
petite. Par contre on a soigné la construction de la 
table d’harmonie, en suivant toutes ses modifica- 
tions, 4 partir de la planche brute jusqu’a la table 
finie, a l’aide des courbes de réponse, enregistrées 
par la méthode susdite. Pour la table d’harmonie 
que par la suite nous appellerons I, les courbes de 
réponse ont été déterminées pour huit phases suc- 
cessives de la construction; quatre de ces courbes 
sont montrées dans la Fig. 1. 

On est parti d’une petite table de bois de vieux 
sapin plus épaisse dans la zone centrale (18 mm), 
dont la forme était déja celle d’un violon, mais 
encore a l’état brut. On a atteint progressivement 
la phase finale, et par conséquent des épaisseurs 
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Fig. 1. Aspects différents de la courbe de réponse d’une table d’harmonie dans les phases successives de la confection: 


(a) phase initiale (table rude, avec grosses épaisseurs de bois); 

(b) et (c) phases intermédiaires: épaisseurs plus petites (sans chaine, sans ouies '’ff’’); 

(d) phase finale épaisseurs normales (avec chaine et ouies); 

(e) courbe de réponse d’un violon '’Frep1”’, avec la table d’harmonie I précédente (phase d). 


_-_* ie ee 
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normales (3,5 mm dans !a région du chevalet et 
2,5 mm vers les bords). Dans la phase finale la 
table d’harmonie a été garnie d’une chaine et gravée 
avec les ouies (ff) usuelles, 


Il est évident, d’aprés la Fig. 1 a, b, c et d, que . 


les courbes de réponse se modifient graduellement 
d’une phase a l’autre de la construction; c’est-a-dire, 
les fréquences de résonance de la table sont toujours 

_plus nombreuses au fur et 4 mesure que la construc- 
tion avance, et les amplitudes maxima aux résonan- 
ces deviennent toujours plus grandes. L’amplitude 
moyenne de vibration (indiquée sur les figures par 
une ligne droite hachée) augmente, elle aussi, re- 
marquablement. 

La courbe de la Fig. le se rapporte a un violon 
complet, avec le fond et les éclisses ordinaires et la 
table d’harmonie I (caracterisée par la courbe de 

_ réponse 1d). 


3. On a ensuite comparé plusieurs tables d’har- 
monie dans la phase finale de la construction, en 
relevant les courbes de réponse avant et aprés les 
avoir montées toujours sur le méme fond et les 
mémes éclisses. 

Dans ce but on a choisi deux tables d’harmonie, 
indiquées par II et III, ayant a peu prés les mémes 
épaisseurs, mais étant différentes pour la qualité du 
bois, la chaine et le mode de fixation de celle-ci. 

Dans la Fig. 2a et 2c se trouvent les courbes de 
réponse de ces tables d’harmonie II et III; on voit 
qu’elles sont bien différentes entre elles et surtout 
qu’elles différent beaucoup de la courbe de la table 
d’harmonie I (Fig. 1d). | 

Les courbes b et d de la méme Fig. 2 se rapportent 
au violon complet obtenu en appliquant l’une ou 
l'autre des tables d’harmonie II et III sur le méme 
fond et les mémes éclisses (déja employées pour la 
table d’harmonie I). 


4, On a enfin enregistré les courbes de réponse 
de trois violons, ayant tous le méme fond et les 
mémes éclisses, auxquels on avait associé l’une des 
trois tables d’harmonie I, II ou III (Fig. le, 2b, 2d). 
(Le fond, les éclisses et les trois tables d’harmonie 
différentes ont été construits par M. le luthier FREDI 
de Rome.) 

Le jugement artistique relatif aux trois violons a 
été obtenu par l’audition des mémes morceaux 
musicaux, joués par le méme artiste en présence 
d’un groupe de musiciens. La correspondance est 
parfaite entre l’évaluation artistique et celle a la- 
quelle on est conduit si l’on compare les courbes de 
réponse. En d’autres termes le violon jugé le meilleur 
pour la puissance acoustique émise, |’équilibre, la 
sensibilité et le timbre est celui qui a la courbe de 
réponse la plus riche en fréquences de résonance, 
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avec l’amplitude moyenne de vibration la plus élevée 
(Fig. 2d). 

Il est encore important de remarquer que la courbe 
de réponse de la table d’harmonie seule appartenant 
au violon qui a été jugé le meilleur est celle qui est 
la plus riche en fréquences de résonance et dont 
amplitude moyenne est la plus élevée (comparer 
la Fig. 2c avec la Fig. 1d et la Fig. 2a). 

Le bon vernissage des violons a coopéré favorable- 
ment a la qualité des sons. 


5. Une étude tout 4 fait analogue a été faite 
également pour quelques cas de restauration de 
violons anciens et modernes. Dans ce cas aussi le 
fond et les éclisses ont été laissés inaltérés, tandis 
qu’on a substitué la chaine, et parfois on a modifié 
légérement l’épaisseur du bois de la table d’har- 
monie. 

Pendant la restauration les courbes de réponse 
ont été enregistrées successivement dans les phases 
suivantes: | 
a) pour le violon original au complet (avant la 

restauration de la table d’harmonie); 

b) pour la seule table d’harmonie (avec la chaine 
originale) ; 

c) pour la méme table d’harmonie (avec une nou- 
velle chaine plus convenable); 

d) pour le violon constitué par le fond, les éclisses et 
le manche originels, complétés par la table d’har- 
monie restaurée. 

Avant et aprés chaque restauration un jugement 
artistique a été émis, et la correspondance entre 
V’évaluation du caractére musical et celle objective 
déduite de l’examen des courbes de réponse, a été 
encore confirmée. 

Parmi les nombreuses observations faites a l’oc- 
casion de la restauration d’une dizaine de violons, 
on peut mentionner les suivantes: 

a) On constate que dans un violon bien restauré 
la courbe de réponse de la seule table d’harmonie, 
et celle du violon complet présentent des fréquences 
de résonance plus nombreuses que la courbe de la 
méme table d’harmonie ou du méme violon avant 
la restauration. Cela se verifie surtout dans la gamme 
comprise entre 400 Hz et 1500 Hz; ce qui confirme, 
encore une fois, l’importance tout a fait particuliére 
de la table d’harmonie; 

b) Pour tous les violons examinés on trouve des 
fréquences de résonance communes entre 50 Hz et 
65 Hz, et 125 Hz -:: 135 Hz, Par contre sur les tables 
correspondantes étudiées isolément, qu’elles soient 
neuves ou restaurées, le maximum de réponse entre 
50 Hz: 65 Hz est absent ou trés faible, tandis que 
celui autour des 125 Hz-:- 135 Hz subsiste; cela 
montre que ce dernier est dt a la conformation parti- 
culiére de la table tandis que le premier est dt, 
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Fig. 2. Comparaison entre les courbes de réponse des tables d’harmonie et violons complets. 
(a) table d’harmonie II; 
(b) violon "'Frepr’’ avec la table d’harmonie II (voir a); 
(c) table d’harmonie III; 
(d) violon ’’Frepr’” avec la table d’harmonie III (voir c). 
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probablement, a l’air intérieur renfermé dans la 
caisse harmonique de l’instrument; 

c) Lorsque les maximums de la courbe de réponse 
sont ’’aigus” (’’coefficient de résonance’’ élevé pour 
le ’’mode de vibration” considéré), on constate que 
la durée de l’émission acoustique, dans la période 
transitoire, est la plus longue. 


6. On s’est servi de la méthode précédente pour 
vérifier les propriétés élastiques du bois de sapin 
(vitesse du son, module d’Youne, frottement in- 
térieur) et leur relation avec l’orientation des fibres, 
le vieillissement naturel, etc. 

On a enfin effectué avec la collaboration de M. 
I, Barpuccr [14], une recherche systématique sur 
des barrettes rectangulaires tres minces (2 mm) 
excitées par flexion; les mesures ont été faites sur 
de nombreux types de bois, en particulier du bois 
de sapin utilisé pour la construction des tables 
d’harmonie. 


Ces expériences semblent éclairer quelques as- 
pects fondamentaux des phénoménes qui réglent les 
propriétés acoustiques des instruments a4 archet. 
Elles nous paraissent fournir une contribution utile 
a l’art de la lutherie. 


Bibliographie 


[1] Raman, C. V., Phil. Mag. 39 [1920], 535. 

[2] Gritzmacuer, M., Elekt. Nachr. Tech. 4 [1927], 533. 

[3] CHampers, F., Phil. Mag. 5 [1928], 160. 

[4] Bacxuaus, H., Z. Phys. 62 [1930], 143; Z. Phys. 72 
[1931], 218; Z. techn. Phys. 9 [1938], 491; Akust. Z. 
1 [1936], 179. 

[5] Saunpers, F. A., J. acoust. Soc. Amer. 9 [1937], 81; 
J. acoust. Soc. Amer. 17 [1946], 169. 

[6] Metnet, H., Akust. Z. 2 [1937], 62, 76; Elekt. Nachr. 
Tech. 14 [1937], 119; Z. techn. Phys. 19 [1938], 289; 


SECTION VI: MUSICAL ACOUSTICS, SKUDRZYK 


249 


Akust. Z. 4 [1939], 89; Akust. Z. 5 [1940], 124, 283; 
Zeitschrift Holz [1948], no. 5. 

[7] Rotworr, E., Ann. Phys., Lpz. 38 [1940], 177; Z. 
angew. Phys. 2 [1950], 145. 

[8] SkupRzyK, E., Acta Phys. Austriaca 3 [1949], 52. 

[9] Motes, A., J. Phys. Radium 10 [1949], 194. 

[10] LotTERMosER, W., Naturwiss. 13 [1950], 302. 

[11] Briner, H., Experientia 7 [1951], 59. 

[12] Pasguatini, G., Accademia Nazionale S. Cecilia, An- 
nuario 1938—1939, p. 405; Ric. sci. 11 [1940], 622; 
Ric. sci. 14 [1943], 111. 

[13] Pasquatini, G. et Briner, H., Riv. Musicale Italiana 
52 [1950], no. 2. 

[14] Barpucci, I. et PasquaLini, G., Nuovo Cim. 5 [1948], 
416. 


Discussion 


RICHARDSON, E. G.: La présence de l’ame, et la forme et la 
position des ouies, ont-elles une influence sur la courbe 
de réponse et sur la puissance acoustique du violon? 

CoNFERENCIER: L’allure de la courbe de réponse et la puis- 
sance acoustique du violon sont modifieés notablement si 
on enléve |’4me au violon ou encore si on agrandit ou si on 
ferme les ouies. 

Motes, A.: Dans la méthode employée on opérait sur un 
violon sans cordes; ne croyez-vous pas que la tension des 
cordes modifie notablement les courbes de résonance en 
faisant participer le fond du violon par l’interrnédiaire de 
l’Ame a la résonance globale ? 

CoNFERENCIER: En réalité la tension des cordes peut modifier 
les courbes de résonance globale du violon. J’ai l’intention 
d’étudier par la suite cette question, mais présentement 
pour des essais comparatifs il semble sage de ne pas intro- 
duire trop de variables, et de ne pas modifier la caisse 
harmonique du violon, l’4me et les conditions d’excitation. 

Mots, A.: Combien de sujets ont-ils controlé subjectivement 
les impressions de qualité et comment étaient faits les 
essais ? 

CONFERENCIER: La commission de contréle subjectif était 
composée de 10 auditeurs (musiciens, techniciens, ou- 
vriers). Le joueur, qui exécutait sur chaque violon le méme 
morceau, était caché des auditeurs et il ne connaissait pas 
le violon joué ayant les jeux bandés. 


BETRACHTUNGEN ZUM MUSIKALISCHEN ZUSAMMENKLANG 


von E, SKuDRZYK 
Institut fiir Niederfrequenztechnik, Technische Hochschule, Wien 


Zusammenfassung. Wegen der beschrankten Zeitkonstanten und der nichtlinearen Verzerrungen 
hangt der Gehdreindruck auch von den Phasen der Teilténe, d.h. vom Verlauf der Enveloppe der 
Schallvorgange ab. Dieses EnveloppenhGéren ist nicht nur fiir Entfernungs- und Richtungseindruck 
wichtig, sondern spielt auch in der musikalischen Akustik eine entscheidende Rolle. Es gibt AnlaB 
zu zahlreichen akustischen Tauschungen. Durch das Enveloppenhoren 148t sich auf Grund des 
Frequenzganges der inneren Reibung der Klanghdlzer die Qualitat der alten Geigen zwanglos deuten. 


Summary. Owing to the limited time constant and the non-linear distortion of the human ear 
the sound impression does not only depend upon the amplitudes, but also upon the phases of the 
harmonics, i.e. on the envelope of the sound phenomena. This hearing of the envelope is not only 
important for the sensation of distance and direction, but also plays a fundamental role in musical 
acoustics. It is the cause of numerous acoustic illusions. The hearing of the envelope and the fre- 
quency dependence of the internal friction of timber used for musical instruments offer a natural 
explanation for the quality of old violins. 


Sommaire. Du fait de la valeur finie de la constante de temps et du fait des distorsions non- 
linéaires, la sensation sonore dépend non seulement des amplitudes, mais aussi des phases des har- 
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moniques, c’est 4 dire de l’enveloppe du phénoméne sonore. Cette perception de l’enveloppe est non 
seulement importante pour les sensations de distance et de direction, mais joue aussi un réle déter- 
minant en acoustique musicale. Elle donne lieu 4 de nombreux effets d’illusion acoustique. On peut 
expliquer sans difficulté la qualité des anciens violons par cet effet d’enveloppe, en se basant sur la 
variation avec la fréquence du frottement interne des bois de lutherie. 


Grundlagen der neuzeitlichen Akustik bilden die 
Fourierschen Theoreme und das Ohmsche Gesetz. 
Die Fourierschen Theoreme erméglichen es, jeden 
Schallvorgang durch seine spektralen Komponenten 
darzustellen; das Ohmsche Gesetz, demzufolge das 


Ohr nur auf die Amplituden der Teilténe, nicht aber - 


auf ihre Phasen anspricht, erhebt diese spektralen 
Komponenten zur akustischen Realitat und bildet 
so die Grundlage der Klanganalyse und der musika- 
lisch-physiologischen Akustik. Dieses Ohmsche 
Gesetz, das einerseits einen groBen Aufschwung der 
Akustik herbeifiihrte, blockierte andererseits lange 
Zeit jeden weiteren Fortschritt. Es stellt namlich 
nur eine Naherung dar, die zwar bei hohen Fre- 
quenzen recht gut, bei tiefen Ténen aber iiberhaupt 
nicht mehr erfiillt ist. Sollte das Ohr eine ideale 
Fourieranalyse betreiben, so miiBte es in der Lage 
sein, iiber die Grundperiode bei einmaligen Schall- 
vorgangen, also iiber ein unendlich groBes Zeit- 
intervall zu integrieren, was offensichtlich unmédglich 
ist. Der Gehoreindruck wird daher im wesentlichen 
durch den momentanen Schwingungszustand be- 
stimmt, wie er durch Fourierintegration iiber die 
Erinnerungszeit des Ohres, d.i. ungefahr eine 
zwanzigstel Sekunde, bewertet mit seiner Erinne- 
rungsfunktion, gegeben ist. Diese beschrankte In- 
tegrationszeit des Ohres erméglicht es, dem Verlauf 
der Enveloppe zu folgen und in Sprache und Musik 
kurzzeitige Klange von Dauerténen zu trennen. Das 
Ohr hort also sehr viel mehr, als man in der Ver- 
gangenheit oft geneigt war anzunehmen; es hort 
auch die Phasen der Teilténe, wie sie sich im Ver- 
lauf der Enveloppe der Schallvorgange auBern. 

Enveloppenmodulationen kénnen musikalisch an- 
genehme Wirkungen zur Folge haben, wenn sie, 
wie z.B. beim Vibrato, geniigend langsam erfolgen, 
oder unangenehme, wie das Flatterecho, die Echo- 
vorgange in schwach gedampften Fernsprechlei- 
tungen oder das Schallfeld in akustisch ungiinstigen 
Raumen, wenn ihre Periodizitat etwa 16/s bis 60/s 
betragt. Im Konzerthaussaal in Wien beispielsweise 
1aBt sich durch bloBe Unterteilung der bestehenden 
Reflexintervalle mittels eines oder zweier zusatz- 
licher Lautsprecher der auBerordentlich harte 
Klangeindruck auf den seitlichen Galerieplatzen 
villig beseitigen. 

Als Folge des Enveloppenhérens empfindet das 
Ohr den besonderen Charakter des Toneinsatzes und 
Tonausklanges und auch die iibrigen Ausgleichs- 
vorgange, die die stationaren Dauerténe unserer 
Musikinstrumente standig durchsetzen. Wiirde ein 


Klangbild nur streng stationare Téne enthalten, so 
miiBten sich die einzelnen Teilténe zu einem Misch- 
ton iiberlagern und es ware unmédglich, die ver- 
schiedenen Instrumente herauszuhéren. Die Aus- 
gleichsvorgange dagegen sind fiir jedes Instrument 
charakteristisch und natiirliche Unterscheidungs- 
merkmale; sie sind auch fiir Entfernungs- und 
Richtungseindruck maBgebend. Wie G. von BEKEsy 
[1] nachgewiesen hat, hangt der Entfernungsein- 
druck wegen des Druck-Schnelleempfanges des 
menschlichen Ohres vom Kriimmungsradius der 
Wellenfronten und damit von den tieffrequenten 
Ausgleichsvorgangen ab. Da auch der Richtungs- 
eindruck durch die Ausgleichsvorgange besonders 
pragnant iibermittelt wird, bestatigen einfache Ver- 
suche. Der musikalisch-physiologische Wert dieses 
sogenannten raumlichen Hérens liegt aber nicht ein- 
mal so sehr in der raumlichen Breiten- und Tiefen- 
wirkung und der durch sie bedingten Lebendigkeit 
des Klangbildes, man mu8 héren, wie der Schall 
im Orchester von einem Instrument zum anderen 
iiberspringt und muB héren, daB der Sanger im 
Vordergrund oder hinten steht. Ebenso empfindet 
man z.B. beim Orgelspiel das lebendige Hin- und 
Herschliipfen des Klanges zwischen den einzelnen 
Orgelpfeifen als reizvoll und fiir eine gute Klang- 
wirkung unerlaBlich. Die Ausgleichsvorgange erst 
entscheiden die musikalisch plastische Wirkung 
eines Klangbildes, lassen die Gattung des Einzel- 
instrumentes erkennen und es als solches hervor- 
treten (BAcKHAUS [2]). Beobachtet man z.B. den 
Verlauf des Schalldruckes beim Anstreichen einer 
Geige, so sieht man am Schirmbild der Braunschen 
Roéhre die Maxima und die relativen Phasen zwi- 
schen den Teilténen standigen kleinen Schwan- 
kungen unterworfen. Das Oszillographenbild atmet 
und lebt und dieses ,,Leben”’ ist es offenbar, das den 
musikalischen Klang vor dem eines gewdhnlichen 
Tongenerators auszeichnet. Im iibrigen ist bemer- 
kenswert, daB die tieffrequenten Ausgleichsvorgange 
ebenso beim Spielen hoher wie tiefer Téne angeregt 
werden, so daB z.B. eine Geige, deren G-Saite 
schlecht klingt, auch beim Spiel hoher Téne minder- 
wertig wirkt, was den Musikern wohl bekannt ist. 

Werden die tieffrequenten Ausgleichsvorgange 
unterdriickt, so verliert das Klangbild seine raum- 
liche Tiefe und wirkt fad und diinn, wie z.B. die 
Wiedergabe eines zu leise eingestellten Radio- 
apparates oder eine Musikdarbietung im Freien oder 
in einer iiberdampften Halle (wo die tieffrequenten 
Vorgange durch die starkere Abnahme der Ohremp- 
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findlichkeit bei tiefen Frequenzen fiir schwache 
Amplituden friiher unter die Hérschwelle fallen), 
Nur wenn das Orchester durch Instrumente mit 
kraftigen Ausgleichsvorgangen, wie Trompeten und 
Trommeln und Pauken, erganzt wird, k6nnen dann 
reizvolle Klangwirkungen erzielt werden. 

Auch in groBen Raumen kommt wegen des groBen 
Abstandes der Schallquellen das eigentliche Ent- 
fernungs- und Richtungshéren wenig zur Geltung 
und das Klangbild mu8 durch kiinstliche MaB- 
nahmen, sozusagen durch Tricks, belebt werden. Da 
das Ohr relativ primitiv ist, lassen sich namlich die 
tieffrequenten Ausgleichsvorginge teilweise durch 
tieffrequente Vorgange verstarken. So kommt man 
zu der Forderung, daB8 umso mehr tief gestimmte 
Instrumente im Orchester mitwirken miissen, je 
gréBer der Raum, und daB eine Kirchenorgel umso 
langere Pfeifen haben soll, je gréBer das Kirchen- 
schiff ist. Da ferner die Ausgleichsvorgange fiir das 
Heraushéren der einzelnen Instrumente entschei- 
dend sind, und der erste Reflex wegen der Kugel- 
wellenausbreitung und der physiologischen Vorgange 
immer starker wirkt als die nachfolgenden [3], [4], 
werden die vorderen Instrumente immer besser ge- 
hért als die riickwartigen, obwohl die objektiv ge- 
messene Lautstarke im Saal praktisch nicht von der 
Gruppierung abhangt. 

Der musikalisch physiologische Wert der Aus- 
gleichsvorgange, besonders der tieffrequenten, wird 
dadurch noch wesentlich gesteigert, daB sie lauter 
gehért werden, als sie ihren Amplituden nach be- 
wertet werden diirften. Méglicherweise ist es das 
standige Training des Ohres, das den Ausgleichs- 
vorgangen als den charakteristischen Erkennungs- 
zeichen und als den Entfernungs- und Richtungsmar- 
ken der Schallquellen gesteigerte Aufmerksamkeit 
zollt, méglicherweise ist es aber die erhéhte Zahl 
der Nervenimpulse, die dem Gehirn unmittelbar 
nach Anschalten eines Tones zugefiihrt wird [5] 
oder andere physiologische Erscheinungen. LaBt 
man etwa Zwei Stimmgabeln der Frequenzen 
3000 und 3300 Hz gleichzeitig erténen, so hért man 
einen Differenzton, der die Lautstarke der Primar- 
téne zu erreichen, ja sogar zu tibertreffen scheint. 
Dieser Differenzton bestimmt nach kurzer Ein- 
wirkung auf das Ohr sogar die Tonhdhe des Zu- 
sammenklanges. Trotzdem betragt seine Amplitude, 
wie u.a. W. Kun [6] nachgewiesen hat, nur etwa 
1,5 % der Primarténe. Beim Messen der Amplitude 
des im Ohr erzeugten Differenztones nach der 
Schwebungsmethode wirkt der MeBton unter glei- 
chen Bedingungen wie der Differenzton, so daB 
wohl der wahre Wert der Amplitude, nicht aber der 
subjektive Lautstarkeeindruck bestimmt wird. Das 
Ohr verstarkt demnach die Amplitude des Differenz- 
tones um etwa 30 dB. Eine Reihe ahnlicher Wir- 
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kungen sind aus dem taglichen Leben wohl bekannt: 
Beim Postmikrophon beispielsweise hért man immer 
den Grundton der Sprache, obwohl er in der Regel 
gar nicht vorhanden ist; der Heulton einer Sirene 
wirkt immer eindringlicher als ihr stationarer Klang 
usw., das Vibrato hebt den Ton eines Instrumentes 
aus dem Orchester hervor. Offenbar handelt es sich 
hier um akustische Tauschungen, deren Analoga in 
der Optik wohl bekannt sind. Betrachten wir bei- 
spielsweise zwei genau gleich groB gezeichnete 
Wiirfel stereoskopisch, so werden sie sehr groB oder 
sehr klein gesehen, je nachdem, ob ihr Fluchtpunkt 
so liegt, daB sie unmittelbar vor dem Auge oder 
in weiter Ferne erscheinen. (Beim Stimmgabelver- 
such ist es der tieffrequente Differenzton, der in 
unmittelbarer Nahe des Ohres lokalisiert wird und 
entsprechend kraftiger wirkt, wahrend die Primar- 
tone scheinbar aus weiter Ferne herangetragen wer- 
den.) Die Zeitschrift ,,Life’ verdffentlichte vor 
einiger Zeit eine Reihe verschieden groBer Képfe, 
die einer Kugel gegeniibergestellt werden. Bringt 
man die Kugel mit dem groBen Kopf in Verbindung, 
so handelt es sich offenbar um einen kleinen Ping- 
Pong Ball, sucht man dagegen eine Beziehung zum 
kleinsten der Képfe, so erscheint sie als manns- 
groBer Ball. Ein besonders schénes Beispiel ist eine 
mit einem Butzenscheibenmuster beklebte Fenster- 
scheibe. Akkomodiert man das Auge, 50 cm vor der 
Scheibe, durch ein Loch im Muster auf die Ferne, 
so erscheint das Muster plétzlich in einem Abstand 
von etwa 2 m riesengro8. Wir sehen also einen 
Gegenstand groB oder klein, je nachdem mit wel- 
chen Objekten wir ihn in Verbindung bringen und 
wie wit das Auge akkomodieren. Es darf nicht 
tiberraschen, wenn das Ohr, das primitiver ist 
als das Auge, ahnlichen Tauschungen unterliegt. 
SchlieBlich lassen die vorangegangenen Betrach- 
tungen auch die Bedeutung des plastischen Hérens 
fiir die Qualitat der Wiedergabe in anderem Licht 
erscheinen, Genau so, wie optisch die natiirliche 
Farbe, das Funkeln und Glitzern der Gegenstande 
nur bei stereoskopischer Betrachtung zur Geltung 
kommen, bleibt der Reiz eines natiirlichen Klanges 
nur bei raumlicher Wiedergabe erhalten. Wahrend 
wir beim einohrigen Héren und eindugigen Sehen 
von Natur aus bestrebt und in der Lage sind, aus 
der Bewegung der beobachteten Gegenstande oder 
durch Bewegung des Auges oder des Kopfes die 
fehlende Plastik eines unmittelbaren Sinnesein- 
druckes zu regenerieren, konnen wir bei der Wieder- 
gabe toter Gebilde, sofern sie annahernd natur- 
getreu sein soll, auf die echte Plastik nicht ver- 
zichten. 

Durch die vorangegangenen Betrachtungen zeich- 
net sich die Bedeutung des Klirrfaktors fiir Uber- 
tragungsanlagen ab: Wahrend er bei der Wieder- 
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gabe von Soloinstrumenten offenbar relativ un- 
wichtig ist, da er hier lediglich auf die Klangfarbe 
EinfluB nimmt, kénnte sich ein Klirrfaktor in der 
Ubertragungsanlage bei 
auBerst storend auswirken, da die Differenzténe, wie 
aus dem Stimmgabelversuch hervorgeht, unter Um- 
standen 30 dB lauter gehért werden, als sie wirklich 
sind. Im allgemeinen sind hier die Verhiltnisse 
jedoch noch ungeklart und weitere Versuche er- 
forderlich. 

Mit dem gesamten eben erérterten Fragenkom- 
plex steht das umstrittene Problem der alten Geigen 
in enger Beriihrung. Abb. 1 zeigt den Frequenzgang 
der inneren Reibung verschieden alter Klangfichten, 
wie sie im Geigenbau Verwendung finden, und 
einer Baufichte. Bemerkenswert sind die geringe 
Dampfung des gealterten Holzes bei tiefen Fre- 
quenzen und die durch die kraftigen tieffrequenten 
Ausgleichsvorgange bedingte Tragfahigkeit der alten 
Instrumente, sowie die betrachtliche innere Reibung 
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bei hohen Frequenzen, die einen weichen Klang 
zur Folge hat. Neue Geigen sind bei tiefen Fre- 
quenzen starker gedampft und daher in der Regel 
weniger tragfahig, klingen aber wegen der geringeren 
Dampfung bei hohen Frequenzen etwas scharfer 
und oft frischer. Durch Lackieren wird die Damp- 
fung jungen Holzes erhéht; der Klang lackierter 
neuer Geigen nahert sich daher dem alter Instru- 
mente. Die schlechtere Tragfahigkeit neuer Geigen 
dagegen wird durch den Lack nicht verbessert. Da 
die innere Reibung von Holz bei hohen Frequenzen 
mit zunehmendem Alter zunimmt, verliert der Lack 
mit dem Alter der Geige an Bedeutung. Auch eine 
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Zunahme an Feuchtigkeit oder Temperatur hat bei 
hohen Frequenzen ein Weicherwerden des Klanges 
zur Folge, wahrend die hysteresebedingte Rei- 
bung bei tiefen Frequenzen nicht beeinflu8t wird. 
Das ,,Warmspielen’” oder Erwarmen von Instru- 
menten vor dem Konzert ist also, besonders wenn 
sie neu sind, kein leerer Wahn. Es ist in diesem 
Zusammenhang nicht uninteressant, daB auch 
Glockenlegierungen eine starke Zunahme der inne- 
ren Reibung nach hohen Frequenzen zu aufweisen, 
wie am Beispiel der Pummerin in Wien nachge- 
wiesen werden konnte und da Kunststoffe, die 
einen kontraren Verlauf der inneren Reibung er- 
kennen lassen, fiir den Musikinstrumentenbau un- 
geeignet sind. 

Einige Bemerkungen seien in Hinblick auf eine 
in der Acustica erschienene Arbeit [7] angeschlos- 
sen: 

Bei Musikinstrumenten, wie z.B. Geigen, ist der 
Klirrfaktor bei geringen Lautstarken in der Regel 
klein, erreicht aber bei 100 Phon 20 % und mehr 
(Abb. 2, Abb. 3). Regt man die Geige in einem 
Minimum der Frequenzkurve sinusférmig mit einer 
Tauchspule an, so gelingt es oft mit 40 Watt Erre- 
gung, kaum gréBere Lautstarken als 60 bis 80 Phon 
zu erzielen. Man kann dann sogar erreichen, daB 
der Grundton iiberhaupt fehlt und nur die doppelte 
Frequenz abgestrahlt wird. Aber nicht nur der 
Klirrfaktor, sondern auch schlechte Stellen der Fre- 
quenzkurve bewirken ein Uberhandnehmen der 
Oberténe und damit einen rauhen Klangeindruck. 
Die Ausgeglichenheit der Frequenzkurve und die 
technisch einwandfreie verzerrungsarme Konstruk- 
tion sind nach Auffassung des Verfassers wichtige 


20% 
s 
: 10| 
] 
0 50 100 Phon 
—= Lautstirke 


Abb. 2. Die Abhangigkeit des Klirrfaktors von der Laut- 
starke in der Nahe einer Einbuchtung der Fre- 
quenzkurve. 


Griinde fiir die Qualitat einer Geige. Diskrepanzen, 
wie sie in der genannten Arbeit und den Auffassungen 
des Verfassers zum Ausdruck kommen, gehen wohl 
im wesentlichen auf das Fehlen einer einwandfreien 
Definition des Klirrfaktors zuriick. Man muB jeden- 
falls festsetzen, ob man bei der Messung des Klirr- 
faktors die Lautstarke konstant halt, oder den Er- 
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Abb. 3. Der Schalldruck in 30 cm Abstand von einer Geige 
bei elektrodynamischer Erregung des Steges in der 
Nahe eines Minimums der Frequenzkurve. 


regerstrom und darf dabei nicht iibersehen, daB 
man bei schlechteren Geigen in den Minima der 
Frequenzkurve selbst beim Durchbrennen der Er- 
regerspulen kaum 80 Phon erreicht. Auf einen 
haufigen Trugschlu8 sei besonders hingewiesen: 
Kleine Amplituden bedeuten nicht notwendiger- 
weise einen kleinen Klirrfaktor, was am Beispiel des 
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schallharten Kohlemikrophons besonders deutlich 
wird, 
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STEREOPHONISCHE UBERTRAGUNG KLANGSCHWACHER 
INSTRUMENTE IM KONZERTSAAL 


von E, THIENHAUS 
Nordwestdeutsche Musik-Akademie, Detmold, Deutschland 


Zusammenfassung. Der Klang bestimmter Instrumente kann unter Umstanden im Konzertsaal 
schwacher hoérbar sein als erwiinscht. Griinde: 1. der schwache Klang ist eine Eigenart des Instru- 
mentes, 2. das Instrument steht an einem ungiinstigen Platz. In beiden Fallen kann der Klang einer 
stereophonischen Wiedergabe dem Originalschall beigemischt werden. An drei Beispielen werden 
die elektroakustischen Hilfsmittel erlautert, die so anzuwenden sind, daB die natiirliche Klangwirkung 
erhalten bleibt und der Horer nichts von der Mitwirkung der Ubertragungsanlage bemerkt. 


Summary. The sound of certain instruments can sound weaker in the concert hall than desired. 
This may be due to the weak sound being a property of the instrument or the instrument being in 
an unfavourable position. In both cases the sound can be mixed with a stereophonic reproduction 
of the original. Three examples are given of the use of an electro-acoustic device that does not change 
the natural timbre, while the listener is unaware of the use of the reproducing apparatus. 


Sommaire. Dans certaines circonstances, la sonorité d’instruments de musique peut sembler 
plus faible dans une salle de concert qu’on ne le désirerait. Cela peut étre di a la nature propre de 
V'instrument ou a une position défavorable de cet instrument. Dans ces deux cas, on peut ajouter 
a la sonorité propre celle d’une reproduction stéréophonique. On montre sur 3 exemples comment 
employer les dispositifs électro-acoustiques auxiliaires pour que soit conservé le caractére propre 


du son et que l’auditeur ne se doute pas de l’adjonction du dispositif de transmission. 


Das Prinzip der Stereophonie ist — als Kopf- 
h6rertibertragung — vor iiber 70 Jahren durch C. 
ADER in Paris bekannt geworden [1]. Auf theore- 
tischen Arbeiten von HELMHOLTZ [2] aufbauend, 
haben FLETCHER und seine Mitarbeiter spater in den 
Jahren 1930 --- 1934 das Verfahren der stereophoni- 
schen Lautsprecheriibertragung entwickelt [3]. Ob- 
wohl der bedeutende klangliche Gewinn, den die 
Wiedergabe einer natiirlich wirkenden Hérperspek- 
tive mit sich bringt, seither in zahlreichen iiber- 
zeugenden Versuchen gezeigt werden konnte [4], 
hat die Stereophonie bis heute noch keine allge- 
meine Verbreitung gefunden. Das liegt daran, daB 
die wirtschaftlichen Erwagungen, die in der Praxis 
der Schallplatten-, Band- oder Tonfilmwiedergabe 


stets im Vordergrund stehen, den vermehrten Auf- 
wand von zwei oder drei voneinander unabhangigen 
Ubertragungskanalen kaum tragbar erscheinen las- 
sen. Besonders aber der Rundfunk, der als Mazen fiir 
die Elektroakustik auch die Stereophonie entschei- 
dend férdern kénnte, verhalt sich — zumindest in 
Deutschland — betont zuriickhaltend, weil eine 
einwandfreie Rundfunk-Ferntibertragung von zwei 
Kanilen erhebliche hochfrequenztechnische Schwie- 
rigkeiten verursacht *). 

Eine vorteilhafte und leicht realisierbare Anwen- 
dung der Stereophonie ergibt sich jedoch bei be- 

*) Wie neuerdings bekannt wird, ist der amerikanische 


Rundfunk demgegentiber sehr interessiert an der Stereo- 
phonie. 
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stimmten akustischen Problemen, die bei musikali- 
schen Veranstaltungen in groBen Konzertsalen und 
Kirchen oder auch im Opernhaus auftreten kénnen: 

1. Die Verstarkung eines klangschwachen Instru- 
mentes, um es in einem gréBeren Raum, insbeson- 
dere im Vergleich zu anderen Instrumenten, in an- 
gemessener Starke zum Klingen zu bringen (Cem- 
balo). 

2. Die Uberwindung der klanglichen Nachteile, 
die sich durch die ungiinstige Position eines Klang- 
kérpers im Raum ergeben kénnen (Orgel, Chor, ver- 
deckte Teile des Opernorchesters). 

Wesentliche Voraussetzung fiir die Lésung dieser 
Aufgaben ist eine vom kiinstlerischen Standpunkt 
aus vollkommen einwandfreie und natiirlich klingen- 
de Wiedergabe, derart, daB auch der anspruchsvolle, 
kritische ZuhGrer die Mitwirkung elektroakustischer 
Ubertragungsmittel nicht bemerkt. Das ist durch 
die folgenden Ma8nahmen erreichbar: 

a) Die verwendeten Mikrophone, Verstarker und 
Lautsprecher miissen héchste Qualitat besitzen. 

b) Alle Veranderungen in der Klangfarbe, die 
durch die im Nahfeld angeordneten Mikrophone 
und durch eine vergréBerte Schallstarke (unter Be- 
riicksichtigung der Ohreigenschaften) hervorgerufen 
werden, miissen mit Hilfe geeigneter Entzerrungs- 
maBnahmen wieder riickgangig gemacht werden. 

c) Der von den Lautsprechern abgestrahlte Schall 
mu8 dem Originalschall beigemischt werden. Die 
Verstarkung soll gering sein und jedenfalls nicht 
gréBer, als es zur Erzielung eines ausgewogenen 
Klangeindruckes im Raum unbedingt n6tig ist. 

d) Die Lautsprecher miissen so angeordnet wer- 
den, daB der erste Schalleindruck den Hérer jeweils 
von dem Ort her erreicht, an dem er den verstarkten 
Klang wahrnehmen soll [5]. Die Schallwegdifferenz 
zwischen Original und Lautsprecher soll nicht mehr 
als etwa 10 m betragen. 

e) Durch Verwendung von gerichteten Mikro- 
phonen und Lautsprechern mtissen akustische 
Riickkopplungen verhindert werden. 

f) Zur Erzielung einer natiirlichen Raumwirkung 
mu eine Mehrkanaliibertragung durchgefiihrt wer- 
den. 

In Abb. 1 ist eine Apparatur zur Schallver- 
starkung des Cembalos mit dem zugehérigen Fre- 
quenzgang dargestellt. Die Mikrophone befinden 
sich unmittelbar iiber dem Resonanzboden an zwei 
klanglich méglichst unterschiedlichen Platzen, M, 
in der Diskantzone, My; in der BaBzone. Der starke 
Abfall der Frequenzkurve im tiefen Frequenzgebiet 
ist notwendig, um a) die verstarkte Wirkung der tie- 
fen Frequenzen im Nahfeld der Schallabstrahlung 
und b) die gréBere Empfindlichkeit des Ohres fiir 
tiefe Frequenzen bei steigender Lautstarke auszu- 
gleichen. Wie die Versuche gezeigt haben, ist jedoch 
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auch noch eine Reduzierung des Ubertragungs- 
maBes im Gebiet zwischen 1000 und 2000 Hz er- 
forderlich. Ohne diese Entzerrung wirkt der Klang 
des Cembalos derb und unedel, sobald man die 
Lautstarke iiber diejenige des Originals hinaus an- 
wachsen 14Bt. Offensichtlich handelt es sich hier 
um eine noch nicht recht geklarte psychologische 
Erscheinung. Die Tatsache, daB die sogenannten 
Naselformanten im Bereich von 1000--- 2000 Hz 
liegen, und daB andererseits wertvolle Geigen, wie 
BackHaus [6] und MerneL [7] gefunden haben, 
zwischen 1000 und 2000 Hz verhaltnismaBig wenig 
Teilténe aufweisen, 1aBt vermuten, daB das Ohr — 
asthetisch gesehen — eine gewisse Abneigung gegen 
dieses Frequenzgebiet hat. Méglicherweise kommt 
dieser Beobachtung eine grundsatzliche Bedeutung 
Zu, 
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10% Hz 
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Abb. 1. Prinzipschaltbild und Frequenzgang der Apparatur 
zur Schallverstarkung des Cembalos, 


Der Schalter S, dient zur Veranderung der Ge- 
samtverstarkung um 2 Stufen von je 3 -- 4 dB. Mit 
dem Schalter S, kénnen die hohen und tiefen Fre- 
quenzen in geringen Grenzen variiert und damit der 
Klang der Lautsprecherwiedergabe den besonderen 
Verhaltnissen des Raumes noch besser angepaBt 
werden (vgl. die gestrichelten Kurvenziige). Die 
Lautsprecher miissen etwas weiter von den Zuhérern 
entfernt stehen als das Cembalo, damit der erste 
Schalleindruck durch den Originalschall entsteht 
und die Hérer ihn auf das Instrument selber und 
nicht auf die Lautsprecher lokalisieren. 

Mit Hilfe dieser Apparatur laBt sich der Cembalo- 
klang auch in einem gréBeren Saal einem Kammer- 
orchester a4quivalent gegeniiber stellen. Ein solches 
Konzert ist zum ersten Mal im Jahre 1941 in Berlin 
veranstaltet worden [8]. Da wegen des Krieges 
auBerhalb Deutschlands iiber diese Versuche wenig 
bekannt geworden sein diirfte, schien es angebracht, 
hier noch einmal dariiber zu berichten. 

Auch der Fliigel oder die Orgel beispielsweise 
lassen sich in extrem groBen Salen durch Verwen- 
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dung einer derartigen Ubertragungsapparatur viel 
klangschéner zur Wirkung bringen, als wenn man 
durch konstruktive Ma8nahmen an den Instru- 
menten deren Schallintensitat iiber das iibliche MaB 
hinaus steigern wiirde, beim Fliigel etwa durch noch 
dickere Saiten und schwerere Hammer, bei der 
Orgel durch héheren Winddruck. Denn der Schall- 
intensitat der Musikinstrumente sind natiirliche 
Grenzen gesetzt, die nur unter Verlust ihrer asthe- 
~tisch befriedigenden Klangwirkung iiberschritten 
werden kénnen. Die Ubertragungsanlage hat also 
in allen diesen Fallen die Funktion einer Leistungs- 
anpassung des Klangkérpers an den Raum. 


Das zweite Problem ist die akustische Verbesse- 
rung der klanglichen Nachteile, die durch eine un- 
giinstige Aufstellung einer Orgel oder von Teilen 
eines Orchesters hervorgerufen werden. Aus Abb, 2 
ist ersichtlich, wie der Klang einer Orgel, die hinter 
dem Orchesterpodium in eine Nische in der Riick- 
wand eines Konzertsaales eingebaut ist, mit Hilfe 
einer stereophonischen Anlage gleichsam nach vorne 
geholt werden kann, so als ob die Orgel auf gleicher 
Héhe mit den vorderen Teilen des Orchesters 
stande. Im Hinblick auf die Ausdehnung der Orgel 
empfiehlt sich eine Ubertragung mit drei Kanilen. 
Dabei geniigt es, wenn vorwiegend die fiir die Lo- 
kalisierung wichtigen hohen und mittleren Frequen- 
zen iibertragen werden. Die Abschwachung der 
Wiedergabe im tiefen Frequenzgebiet bedeutet zu- 
gleich eine praktische Erleichterung sowohl in bezug 
auf die LautsprechergréRe als auch fiir die Entkopp- 
lung zwischen den Lautsprechern und den Mikro- 
phonen. 


Abb. 2. Stereophonische Ubertragung einer ungiinstig ste- 
henden Orgel im Konzertsaal. 
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Durch den Laufzeitunterschied zwischen der ver- 
friihten Wiedergabe und dem Originalschall entsteht 
eine gewisse Hallwirkung, die dem Orgelklang in 
jedem Falle zutraglich ist, ganz besonders in einem 
gefiillten Konzertsaal, dessen Nachhallzeit in der 
Regel sowieso zu klein ist, um Orgelmusik gut zur 
Geltung kommen zu lassen. Eine Anlage dieser Art 
ist unlangst in der Hamburger Musikhalle erprobt 
worden. Dabei konnte gezeigt werden, daB die 
klanglichen Nachteile, die die Orgel durch ihre 
riickwartige Lage und durch den geringen Nachhall 
des Raumes erleidet, mit Hilfe einer stereophoni- 
schen Ubertragung entsprechend der Abb. 2 weit- 
gehend behoben werden kénnen. 

AbschlieBend sei noch auf die Méglichkeit hinge- 
wiesen, in ahnlicher Weise das Problem des ver- 
deckten Opernorchesters zu losen. Wie Abb. 3 zeigt, 
laBt sich der Klang der verdeckten Teile des Or- 
chesters (im wesentlichen die Blaser und Schlag- 
instrumente) von den in die Rampe eingebauten 
Lautsprechern giinstig abstrahlen, wodurch das 
klangliche Gleichgewicht zwischen Streichern und 
Blasern im Raum leicht hergestellt werden kann. 
Durch Verwendung von Gradientmikrophonen in 
der dargestellten Anordnung sind Riickkopplungen 
trotz der geringen Mikrophon-Lautsprecher-Ent- 
fernung leicht vermeidbar. Auch hier kann man sich 
im wesentlichen auf die Ubertragung der mittleren 
und hohen Frequenzen beschranken. 


Abb. 3. Schalliibertragung eines verdeckten Opernorchesters. 


Durch die eingangs erwahnte Voraussetzung, daB 
die Mitwirkung der Lautsprecheranlage dem Horer 
nicht bewuBt werden soll, daB also die Ubertra- 
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gungsapparaturen nicht klanglicher Selbstzweck sein 
diirfen, sondern Hilfsmittel bleiben und sich jeder- 
zeit den kiinstlerischen Forderungen unterordnen 


miissen, unterscheiden sich die beschriebenen An-, 


wendungen der Stereophonie grundsatzlich von 
jenen Verfahren, die allgemein als ,,elektrische Mu- 
sikinstrumente’’ oder — besser — als ,,elektronische 
Klangerzeugung”’ bezeichnet werden. In einer Zeit, 
in der die Frage, wie weit man der Technik beherr- 
schenden Einflu8 auf die kiinstlerische Gestaltung 
gewahren darf, in wachsendem MafBe diskutiert und 
von den Kiinstlern und Philosophen oft genug mit 
groBer Skepsis gegeniiber den technischen Er- 
rungenschaften beantwortet wird [9], darf man die 
hier erérterten Beispiele wohl als positive Beitrage 
der Elektroakustik zum Musikleben werten. Sie 
wollen in einem analogen Sinne verstanden werden 
wie etwa die Rundfunkiibertragung oder das Schall- 
plattenverfahren, deren Hauptaufgabe die musikali- 
sche Denkmalspflege geworden ist. In der Tat ist 
es bei dem gegenwartigen Stand der Elektroakustik 
weniger ein physikalisches oder technisches Pro- 
blem, wie derartige Ubertragungsverfahren ange- 
wendet werden, sondern vielmehr in erster Linie ein 
kiinstlerisches. 
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Diskussion 


’ WINCKEL, F.: Die Einsenkung in der Frequenzkurve zwischen 


1000 und 2000 Hz (siehe Abb. 1) habe ich ebenso bei der 
Untersuchung des Timbre von Gesangstimmen festge- 
stellt. Es ist ein Qualitatsmerkmal hervorragender Stimmen. 
Die Erklarung dafiir liegt darin, da8 der 4-Formant, der 
eng mit der Nasalitét zusammenhangt, in dem Bereich 
von 1000 --- 2000 Hz dem Klang einen etwas quakenden 
Charakter gibt und damit musikalisch-dsthetisch zu be- 
anstanden ist. 

VORTRAGENDER: Ich méchte der Bemerkung von Herrn 
WINCKEL voll und ganz zustimmen. Diesen Frequenzgang 
habe ich seinerzeit bei der Erprobung der Cembalo- 
Apparatur rein gehdérsmaBig gefunden. DaB dhnliche 
Beobachtungen nicht nur bei Geigen sondern auch beim 
Gesang gemacht werden, scheint die Vermutung zu be- 
statigen, daB wir es hier mit einer allgemeingiiltigen Fest- 
stellung iiber das musikalisch-akustische Qualitatsempfin- 
den zu tun haben. 


ELEKTROAKUSTISCHE MITTEL IN DER AKTIVEN TONKUNST 


von F, TRAUTWEIN 
Tonmeisterschule, Diisseldorf, Deutschland 


Zusammenfassung. Auf Grund der GehGreigenschaften werden Richtlinien fiir die Entwick- 
lung neuer Musikinstrumente aufgestellt. Als hauptsdchliche Schwache der althergebrachten In- 
strumentalmusik wird das fiir Melodik und Harmonik gemeinsame Intervallsystem bezeichnet. 
Freiheit der Melodikbildung durch den Spieler und strenge Harmonik durch Frequenzdivision 
wird vorgeschlagen. Starker differenzierte Klangfarben sollen durch Erzeugung beliebiger Schwin- 
gungen gebildet werden, welche durch eine Synchronisationsmethode phasenrichtig in jede Periode 
des Grundtones eingeblendet werden. 


Summary. Indications are given, based on hearing characteristics, of the way new developments 
in musical instruments should go. The commonly employed scale is shown as a principal weakness 
for melody and harmony on old instrument types. More freedom for the player in melody and strong 
harmony by frequency division is required. More sharply differentiated timbres can be built up 
from certain vibrations which by a process of synchronisation can be blended in correct phase relation- 
ship with each period of the fundamental. 


Sommaire. On établit, a partir des propriétés caractéristiques de l’ouie, les régles 4 suivre dans la 
conception de nouveaux instruments de musique. La principale faiblesse de la musique instrumentale 
composée jusqu’ici est due a l'emploi d’un systéme d’intervalles commun pour la mélodie et I’har- 
monie. On préconise de rendre a |’éxécutant la liberté de conception de la mélodie et d’adopter une 
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harmonie rigoureuse par subdivision des intervalles de fréquence. On obtiendra des timbres fortement 
différenciés en produisant des oscillations au choix de l’exécutant, et en les introduisant avec la phase 
voulue a chaque période du son fondamental, grace 4 une méthode de synchronisation. 


Die gigantische Entwicklung der Technik in 
unserem Zeitalter hat vor dem Musikinstrumenten- 
bau Halt gemacht, obschon dieser ohne Zweifel ein 
Gebiet der Technik ist. Wohl hat die Speicherung 
und Ubertragung von Musik eine groRe technisch- 
wirtschaftliche Entwicklung genommen, aber die 
Technik ist damit nicht in die aktive Tonkunst ein- 
gedrungen. Das Mikrophon ist der eiserne Vorhang, 
der die Technik von der Musik trennt. 

Elektroakustische Musikinstrumente konnten bis 
heute noch keine gréBere Bedeutung in der Ton- 
kunst erlangen. Uber diese Tatsache kénnen auch 
gewisse wirtschaftliche Erfolge nicht hinwegtau- 
schen. Die elektroakustischen Musikinstrumente, 
welche eine Breitenwirkung erzielen konnten, haben 
sich entweder auf surrogative Aufgaben oder auf 
die Unterhaltungsmusik beschrankt. Das Instrument 
des Verfassers hat im Bereich der seriésen Musik 
groBe Erfolge errungen, die einem vorlaufig noch 
kleinen Kreis von Tonkiinstlern zu verdanken 
sind [1]. 

Der Konstrukteur von neuen Musikinstrumenten 
steht hinsichtlich der Einfiihlung in den Gebrauchs- 
zweck und in die Wiinsche der Konsumenten sowie 
der Voraussicht kiinftiger Entwicklung vor ungleich 
schwierigeren Aufgaben als auf anderen Gebieten 
der Technik. GroBe Tonkiinstler kénnen ihn wohl 
in der Richtigkeit seines Strebens bestarken, die 
Musikgeschichte kann ihn lehren, daB sich die Ton- 
kunst in Richtung einer Intensivierung und starkeren 
Differenzierung der musikalischen Ausdrucksformen 
fortentwickelt, aber konkrete Richtlinien wird er 
nicht erwarten diirfen. 

Die Elektronik bietet fiir Musikinstrumente so 
universelle Konstruktionsgrundlagen, daB es rich- 
tiger ist, das Problem als ein véllig neues anzusehen, 
statt sich die althergebrachten Instrumente zum 
Vorbild zu nehmen oder sich einem speziellen Mu- 
sikstil zu verpflichten. 

Die naturwissenschaftliche Grundlage der Musik 
ist die Schallwahrnehmung durch das Gehér. Allen- 
falls kénnte man das Gefiihl fiir den Rhythmus 
als auBerhalb der Hérempfindung liegend annehmen. 
Die Tonkunst scheidet aus den wahrnehmbaren 
Schallvorgangen die primitiven als fiir sie ungeeignet 
aus, namlich die sinusférmigen Schwingungen und 
das weiBe Rauschen. Was dazwischen liegt, soll von 
den Musikinstrumenten darstellbar sein. 

Damit soll nicht gesagt sein, daB ein elektroni- 
sches Musikinstrument ein akustisches Laborato- 
rium sein miisse. Wir miissen vielmehr die fiir die 
Musik besonders wichtigen Ohreigenschaften be- 
riicksichtigen. Diese sind: 


1. Die Fahigkeit, die absolute Tonhthe zu erkennen. 
Diese Fahigkeit ist besonders groB fiir hohe Fre- 
quenzen (Formanten), die sich periodisch im Rhyth- 
mus einer tieferen Frequenz (des Grundtones) wie- 
derholen. Es ist die Klangfarbenempfindung. Wir 
koénnen Klangfarben unterscheiden, deren Formant- 
frequenzen um einen Halbton auseinanderliegen. 
Personen mit absolutem TonhdhenbewuBtsein kén- 
nen die Tonhéhe etwa mit dieser Genauigkeit auch 
bei sinusférmigen oder schwach oberwelligen Ténen 
erkennen. Insofern hat die althergebrachte Inter- 
valleinteilung in Halbténe eine gewisse Berech- 
tigung. Durch Ubung von Jugend auf miiBten alle 
Menschen mit normalem Gehér das absolute Ton- 
héhenbewuBtsein erlangen kénnen. 

2. Die Fahigkeit der auBerordentlich raschen Ton- 
héhenerkennung. Es geniigen in den mittleren Lagen 
eine, in den hdéheren Lagen zwei bis drei Perioden, 
um eine Tonhdohe zu erkennen, so da8 hohe For- 
mantfrequenzen schon in ca. 2 ms wahrgenommen 
werden kénnen, bevor das Ohr den Grundton erfaBt 
[2]. Das Ohr kann somit in jede Periode des Grund- 
tones ganz unabhangig von dessen Hohe hinein- 
héren. Die alte Vorstellung, welche die Klangfarben- 
empfindung durch Oberténe und dadurch als ab- 
hangig vom Grundton erklart, ist nicht mehr auf- 
rechtzuerhalten. Sie widersprach von jeher dem 
phanomenologischen Befund. Durch den Verzicht 
auf die Obertontheorie der Klangfarbenempfindung 
verliert auch die Lehre von den Einschwing-, Aus- 
schwing- und Ausgleichsvorgangen ihre Bedeutung. 
Diese Vorgange sind spezielle Nuancierungen des 
Dynamik- und Frequenzverlaufs. 

3, Die Féhigkeit, die Frequenzlage von Banden- 
spektren zu erkennen. Es ist die Gerauschempfindung, 
insbesondere das Erkennen der Konsonanten der 
Sprache. Eine Weiterentwicklung der Tonkunst 
wird dieser Fahigkeit und somit diesem Bediirfnis 
unseres Gehérs starker Rechnung tragen miissen. 

4, Die Fdhigkeit des Tonhéhenvergleichs. Diese ist 
wesentlich héher als die absolute Tonhéhenerken- 
nung. Sie liegt fiir Tonfolgen im Bereich gréBter 
Ohrempfindlichkeit bei Frequenzanderungen um 3 
Promille. Eine Melodik, welche sich auf Halbton- 
intervalle (6 Prozent) beschrankt, tragt der Wahr- 
nehmungsméglichkeit und somit dem Wahrneh- 
mungsbediirfnis unseres Gehors schlecht Rechnung. 
Eine hoher entwickelte Melodik sollte sich von dem 
Halbtonsystem befreien. 

5, Die Harmonieempfindung. Sie entsteht durch 
die Bildung von (subjektiven) Differenzténe. Wir 
empfinden gleichzeitige Tone umso harmonischer, 
auf je kleinere ganze Zahlen im Zahler und Nenner 
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sich das Schwingungsverhiltnis zuriickfiihren 148t. 
Um so naher liegt namlich der 1. Differenzton bei 
ihnen und um so kleiner ist die Anzahl der Diffe- 
renzténe hdherer Ordnung. Unser Gehér kann noch 
Differenzténe bis etwa zur 7. Ordnung bilden und 
als Harmonieempfindung wahrnehmen. Bei nicht 
ganzzahligem Frequenzverhaltnis kénnte zwar der 
1. Differenzton nahe bei den urspriinglichen Ténen 
liegen, aber es ergabe sich eine nicht mehr erfaBbare 
Zahl von Differenzténen héherer Ordnung. 

6. Die Lautstérkeempfindung. 

7. Das Richtungshéren. 

8. Die Fdahigkeit, aus dem Lautstarkeverlauf, dem 
Frequenzgang und den Richtungen des Raumnachhalls 
weitgehende Schliisse auf GréBe und Form eines 
Raumes zu ziehen. 


Die Gehéreigenschaften fiihren fiir die Entwick- 
lung von neuen Musikinstrumenten zu folgenden 
Forderungen, die nicht alle von einer einzigen Type 
realisiert werden miissen. 

Zu 7. und 2.: Die bisher auch bei elektronischen 
Musikinstrumenten tibliche Methode des AnstoBens 
von Formantschwingungen durch Unstetigkeiten in 
der erregenden grundtonhaltigen Schwingung (oder 
in einer anderen Auffassung das Aussieben von Teil- 
ténen [3]) entspricht nur primitivem Wahr- 
nehmungsbediirfnis unseres GehGrs. Ebenso reizarm 
wie sinusférmige Téne sind auch sinusférmige For- 
mantschwingungen. Klanglich interessante alther- 
gebrachte Instrumente, z.B. die Geigen, sind durch 
sehr differenzierte Formanten gekennzeichnet. Die 
Klangfarben der aufschlagenden Zungen, die durch 
unperiodische Formantschwingungen gekennzeich- 
net sind, konnten auf elektronischem Wege bisher 
iiberhaupt nicht nachgebildet werden (womit nicht 
gesagt sein soll, daB allgemein die Nachbildung 
althergebrachter Klangfarben ein erstrebenswertes 
Ziel elektronischer Klangerzeugung sei!). Abb. 1 
zeigt eine Schaltung, welche es erméglicht, be- 
liebige Formantschwingungen in jede Periode des 
Grundtons mit gleicher Phase einzublenden. Es ist 
nur erforderlich, daB die Formantschwingungen mit 
Hilfe von synchronisierbaren Generatoren erzeugt 
werden. Den Formantschwingungen kann mit der 
dargestellten Schaltung jeder beliebige Dampfungs- 
verlauf erteilt werden. In der unteren Reihe ist an- 
gegeben, wie z.B. Formantschwingungen von zu- 
nehmender Frequenz erzeugt und periodisch einge- 
blendet werden kénnen, wodurch Klangfarben 4hn- 
lich den aufschlagenden Zungen entstehen. 

Die Aufgabe der vielgestaltigen Formantschwin- 
gungen kann z.B. auch dadurch gelést werden, daB 
die Schwingungsform einer Grundtonperiode auf 
ein Transparent aufgezeichnet, von dem nach dem 
Sagezahngesetz pendelnden Strahl eines Kathoden- 
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Abb. 1. Klangfarbenbildung durch Formantkippschwingun- — 


gen. 
1. Kippgenerator fiir den Grundton, 

2. Kopplungsglied zu 

3. Kippgenerator fiir die Formantschwingungen, 
4. Kopplungsglied zu 

5. Amplitudenmodulator zur Erzeugung eines ge- 
dampften Verlaufs, 

, 7, Ta. Speisepunkte, 

. gedimpfte Formantkippschwingungen, 

. Umwandlung in Schall, 

11. Vorentzerrer der Amplitudenmodulation, 

. Frequenzmodulation, 

. frequenzmodulierte Formantkippschwingungen. 


strahloszillographen durchleuchtet und der Vorgang 
photoelektrisch in Schall umgesetzt wird. 

Auch mit Hilfe von Phonmontagen, wie sie z.B. 
von [MeEyER-EPPLER [4] beschrieben werden, sind 
starker differenzierte Klangfarben erzeugbar. 

Zu 3.,6., 7., und 8.: Die elektronische Erzeugung 
von Farbgerauschen, dynamischen, raumakustischen 
und stereophonischen Effekten ist bekannt, ihre Ein- 
beziehung in die aktive Tonkunst ist geboten [5]. 

Zu 4, und 5,: Alle Probleme der Intervalle, der 
temperierten oder reinen Stimmung, sind nur durch 
die Unvollkommenheiten der althergebrachten Mu- 
sikinstrumente entstanden. Nur um auf einem 
Tasteninstrument spielen zu kénnen, hat man fiir 
die Melodik und die Harmonik das gleiche, unserem 
Gehér wenig entsprechende Intervallsystem gebil- 
det. Es ist an der Zeit, die Musik von diesen Fesseln 
zu befreien. Melodik und Harmonik sind heterogene 
Elemente der Tonkunst, sie miissen voneinander 
gelést werden. Die Melodik muB so frei wie méglich, 
die Harmonik so gebunden wie méglich sein. Einer 
freien Melodik dient ein Manual nach Abb. 2. Die 
Tasten sind nur Anhaltspunkte. Die Tonhéhen- 
bildung muB dem Willen des Spielers unterstellt 
sein, jede Mechanisierung ist als unkiinstlerisch zu 
verwerfen. Dagegen ist es nicht sinnvoll, die Har- 
moniebildung den Musikern zu iiberlassen. Die 
Schwingungsverhiltnisse miissen den Gehéreigen- 
schaften entsprechend exakt festgelegt werden. Das 


od 
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Abb, 2. Das Trautonium des Nordwestdeutschen Rund- 
funks, Sender Koln. Die Tonhdhe ist eine lineare 
und kontinuierliche Funktion der Manuallange, die 
Lautstarke des Drucks senkrecht auf die Manual- 
flache. Die Tasten sind Anhaltspunkte zum Auffinden 
der Intervalle. 


besorgt viel besser und richtiger eine zwangslaufig 
arbeitende technische Einrichtung. Das gegebene 
Mittel der Elektronik ist die Frequenzdivision von 
Kippschwingungen. DaB dabei der héchste Ton der 
fithrende ist — entgegen der Eigenschaft des Gehirs, 
sich nach dem tiefsten Ton zu orientieren — ist un- 
wesentlich, es ist dies nur eine Frage der Notierung. 


SECTION VI: MUSICAL ACOUSTICS, YOUNG 


259 


Die Obertonreihe ware fiir die gestellte Aufgabe 
héchst ungeeignet, weil die Beibehaltung eines har- 
monischen Verhaltnisses bei einer veranderlichen 
Frequenz durch die Frequenzdivision technisch viel 
leichter zu realisieren ist. Das Gehér empfindet die 
durch die Frequenzdivison erzeugten reinen Har- 
monien besonders angenehm. 


Die elektronischen Mittel und der Bruch mit der 
Tradition der Instrumente werden die Tonkunst 
zu einer Evolution fiihren, in welcher nicht die Enge 
des Materials, sondern das Gehér das MaB aller 
Dinge ist. 
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[5] Sata, O., Psycho-physische Konsequenzen  elektro- 
akustischer Klangsynthesen. Frequenz 5 [1951], 13. 


INHARMONICITY OF PIANO STRINGS =) 


by R. W. Youne 
U.S. Navy Electronics Laboratory, San Diego 52, California 


Summary. The natural frequencies of an actual piano string depart somewhat from the harmonic 
series; the departure is here called inharmonicity. The inharmonicity has been measured for both 
bass and treble strings in three sizes of Steinway pianos. The bass strings of the usually preferred 
grand piano have less inharmonicity than have the corresponding strings of a small upright piano. 
Tuning is correlated with inharmonicity. 


Sommaire. Les fréquences propres d’une corde de piano ne correspondent pas exactement a une 
série harmonique; on appelle ici cet écart l’”inharmonicité’’. On l’a mesuré pour les cordes de la 
basse et de l’aigu de trois pianos Steinway de différentes dimensions, Les cordes de la basse du piano 
A queue, qu’on préfére généralement, présentent moins d’inharmonicité que les cordes corres- 
pondantes d’un petit piano droit. L’accord est en relation étroite avec l’inharmonicité. 


Zusammenfassung. Die Eigenfrequenzen der Klaviersaite weichen etwas von der harmonischen 
Lage ab, was als ,,unharmonisch”’ bezeichnet werden soll. Dieses wurde sowohl bei Ba8- als auch 
bei Diskantsaiten dreier GréBen von Steinway-Pianos gemessen. Die BaB-Saiten des im allgemeinen 
bevorzugten Fliigels haben weniger Abweichungen als die entsprechenden eines kleineren Klavieres. 
Das Stimmen steht in Zusammenhang mit den unharmonischen Eigenschaften. 


1. Introduction 


The ideal string is one whose modes of vibration 
have frequencies which form a harmonic series; that 


*) Investigation conducted privately. 


is, the natural frequencies of the string are integral 
multiples of the fundamental frequency. Actual 
piano strings are stiff and the frequencies depart 
more or less from the harmonic series. Such a 
departure is here called inharmonicity. It seems likely 
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[1] that the musical quality of a piano and its tuning 
are related to the inharmonicity. 


2. Method of measurement 


With the Stroboconn (chromatic stroboscope) [2] 
sound is picked up by a microphone (or vibration 
pick-up) and is translated to a flashing light whose 
frequency is compared stroboscopically with that of 
a particular pattern on one of twelve rotating disks 
(one for each chromatic note within an octave). The 
pattern consists of seven rings having respectively 
2, 4, 8, 16, 32, 64, 128 ’’dark-and-light’”’ segments. 
The speed ratio of successive disks is very nearly 
the twelfth root of two, attained by gear ratios 89/84 
and 107/101 in alternation. The disks are driven by 
a synchronous motor whose speed is established by 
the frequency of an electrically maintained tuning 
fork which is adjustable over a semitone and cali- 
brated in logarithmic cents. Within an interval of 
seven octaves any deviation from the equi-tempered 
scale can be read directly. 

A filter such as the General Radio Type 760-A 
Noise Analyzer or Type 762-B Vibration Analyzer 
facilitated the selection of the particular frequency 
desired. 


3. Treble strings 


The stiffness of the steel wire from which piano 
strings are made accounts almost entirely for the 
inharmonicity of the plain wire strings. When one 
measures and plots the interval in cents by which 
the frequencies of the different modes of vibration 
are sharper than the ’’ideal’’ harmonic values, a 
graph is obtained of which Fig. 1 is typical. The 
open circles represent experimental data on a string 
whose fundamental frequency is nominally 440 c/s, 
The slope of the straight line of best fit, shown on 
the figure, is hereafter called the coefficient of inhar- 
monicity. 
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Fig. 1. Plot of inharmonicity 6 against square of mode 
number, for the A, string of a Steinway concert 


grand piano, 
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The mathematical definition of the inharmonicity 
6, in cents, appears at the upper left of Fig. 1; 
y, is the frequency of n-th mode of vibration, and 
Y) is the fundamental frequency of an ideal string 
computed in the usual way from the length, tension, 
and linear density. It can be shown [3] that when 
this defining equation is applied to the classical 
theory [4] for the vibration of stiff strings the in- 
harmonicity is predicted by the equation at the 
lower right of Fig. 1. Here d is the diameter of the 
steel wire, Q is Young’s modulus, 0 is the density 
of the steel, / is the length of the string. When the 
dimensions of the particular A, string are substituted 
in-this stiffness equation the coefficient of inhar- 
monicity turns out to be exactly that found empir- 
ically: i.e., 0.65 cent/n?. 

It has been demonstrated [3] that this equation 
describes very well the observed inharmonicity of 
the plain wire strings in six different pianos. The 
computed coefficients for three of these pianos are 
depicted at the right of Fig. 2. A line is simply a 
guide; the coefficient really has a discrete value for 
each particular string which may be identified by 
the note name and subscript; by the notation [5] 
employed middle C is C,. It is evident that the 
inharmonicity increases regularly as the strings 
become shorter. Gaps in the curves direct attention 
to discontinuities associated with the presence of 
bars in the iron frames. Such a discontinuity does 
not always, however, occur at a bar. 


4. Bass strings 


When one plots the inharmonicity of bass strings 
in the manner of Fig. 1, a reasonably straight line 
fits the data above the fourth mode of vibration, 
but for the lower-numbered modes there are fre- 
quently noticeable deviations. The inharmonicity 
for the first mode of vibration is often several cents 
below the extrapolated straight-line trend. 

From the straight portions of the inharmonicity 
plots a coefficient of inharmonicity was estimated 
visually for each bass string in the three pianos here 
under consideration. The plotted points in Fig. 2 
represent these coefficients. As an aid in judging 
the significance of a coefficient of 0.5 cent/n®, for 
example, note that under such circumstances the 
fifteenth mode of vibration has a frequency more 
than sixteen times that of the fundamental frequency. 

Lines fitted visually to these bass string coeffi- 
cients are also given in the figure. The gap between 
FZ, and G, in the Style 40 curve and the gap between 
E, and F, in the Style A curve call attention to the 
pronounced changes in trend at these positions; 
strings to the left are single while those to the right 
are double. Single, double, and triple bass strings 
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are used in the Style D piano but no marked changes 
in the coefficient occur for this piano. 
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Fig. 2. Coefficient of inharmonicity for Steinway concert 
grand piano (Style D), 6-ft grand (Style A), and 
upright (Style 40). Experimental coefficients shown 
for bass strings only. 


5. Some musical implications 


Although pianos are nominally tuned in equal 
temperament, measurements on a variety of pianos 
show that the treble strings are tuned consistently 
and progressively sharp: the strings in the top 
octave may be relatively more than 20 cents sharp. 
If one postulates that in tuning by octaves the funda- 
mental frequency of the upper string is made equal 
to the frequency of the second mode of vibration 
of the lower string, then the cumulative effect is a 
tuning somewhat like that observed. Strings in the 
extreme treble, however, are apt to be tuned errat- 
ically and even sharper than the computed trend. 

The fundamental frequencies of bass strings, on 
the other hand, are tuned consistently flat; the 
deviations from exact equal temperament are slight 
in a large grand piano but are very appreciable in 
smaller pianos. Thus, at least qualitatively, the 
deviations in tuning are greater for these strings 
having greater inharmonicity. For example, the 
C, string of a Style 40 upright piano was tuned 50 
cents flat, whereas the same tuner tuned the cor- 
responding string on the Style D piano only 8 cents 
flat. 

In discussions of tone quality it is customary to 
rely upon the classic definition [6] that ’’. . . differ- 
ences in musical quality of tone depend solely on 
the presence and strength of partial tones . . .”” While 
HELMHOLTZ recognized that the tone of some in- 
struments is dependent upon the way it begins and 
ends, he chose to restrict his attention to the ’’pe- 
culiarities of the musical tone which continues 
uniformly’ [7] and to consider as musical tones 
only those with harmonic upper partials [8]. 

The sound of a piano string, however, is not 
steady and the partials are inharmonic. Also the 
bass strings of the usually preferred large grand 
piano have less inharmonicity than have the cor- 
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responding strings of the small upright piano. More 
attention should be devoted to the transient parts of 
musical sounds and in particular the frequency of 
the components. It appears that a significant descrip- 
tion of a musical sound must include not only the 
amplitudes (and decay rates) of the partials but also 
their precise frequencies. 
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Discussion 


Sxuprzyk, E.: The curves shown seem to give very interesting 
cues on the mechanism of hearing at high and low frequen- 
cies. Has any work been done in this respect? 

LeEcTuRER: I am not aware of any direct study of inharmoni- 
city in relation to hearing. It would be valuable to establish 
what inharmonicity is just detectable by the ear and how 
musical quality is judged to change with inharmonicity. 

SkuDRzyYK, E.: In case of stationary tones (forced oscillations) 
the overtones would be expected to form a harmonic series, 
as the process is periodic. In case of the piano the sounds 
are transcient and the overtones not necessarily harmonic. 
This seems to make a great difference in the sounds. 

LEcTuRER: I agree. It would be interesting to compare the 
sound of the usual piano with one in which the strings 
would produce harmonic partials. 

Motes, A.: An experiment in which a score being transposed 
to the lower octave and played rather slowly by an artist, 
recorded and played back at double speed to bring back 
the sounds to their original range, gives a queer tone even 
with a well tuned pianoforte. Do you think that this part- 
cular effect may be explained in terms of inharmonicity ? 

LeEcTuRER: Yes, I think it very likely that the resulting tone 
can be explained in part as due to the different inharmonicity 
in the strings an octave apart. 

TuienuHAus, E,: 1. Unharmonische Teilténe sind qualitativ 
leicht am Kathodenstrahloszillographen zu beobachten (Aus- 
wandern der kleineren Zacken bei Synchronisierung des 
Grundtones), 2. Die unharmonischen Teilténe mtissen 
als wesentlich fiir die musikalische Tonqualitat angesehen 
werden, da dadurch die fiir die Musik unerlaBliche Leben- 
digkeit entsteht, wahrend Klange mit exakt harmonischen 
Teilténen einférmig und langweilig klingen. Es ware in- 
teressant, ahnliche Untersuchungen auch an -Blasinstru- 
menten durchzufiihren. Grundsatzlich hat man bei allen 
Schwingungserzeugern (Generatoren, Saiten, Luftsdulen), 
die nicht in strengem Sinne eindimensional sind, unhar- 
monische Teilténe zu erwarten. 
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Lecturer: In accordance with the remark just made by 
Prof. SkupRzykK, when a wind instrument is maintained in 
steady vibration the resulting waveform observed on a 
cathode ray oscilloscope is periodic, so that the partials 
making up the complex sound must be harmonic. However, ' 
the frequencies of the different modes of vibration produced 
by the player (as when he plays different notes with the 
same fingering) are not in general harmonic (see brief 
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description in Amer. J. Phys. 20 [1952], 177 -- 183). It is 
to be expected, therefore, that even for musical instruments 
capable of producing steady tones the transient part of 
their sound consists of inharmonic partials. It has been 
long recognized that many instruments can be distinguished 
principally by the transient and it may well be that the 
ear is particularly sensitive to the inharmonic relationships 
of the partials which make up the transient. 
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SYMPOSIUM ON THE SOUND INSULATION 
OF LIGHTWEIGHT STRUCTURES 


GENERAL REVIEW 


by C. W. Kosten 
Laboratory for Technical Physics, Technological University, Delft 


1. Introduction 


There is a tendency in modern building practice 
to eliminate all material which is not absolutely 
necessary from the viewpoint of stability or thermal 
insulation. Movable partitions in offices, laboratories 
and so forth are examples. However, the require- 
ments for insulation against airborne sound tend to 
become more stringent as a consequence of the 
increasing intensity of life. These factors, seen 
against the background of the mass-law of sound 
insulation — which states that the mass per unit 
area or the surface density of a wall is the governing 
factor for insulation —,; form the problem with 
which architectural acousticians are confronted. 
How can we achieve sufficient insulation with less 
material; or in other words, how can we violate the 
mass law ? 

As variables in this process of improvement we 
have at our disposal: the flexural stiffness, the in- 
ternal damping and the damping at the boundaries 
if simple single walls are concerned, while with cavity 
walls we have in addition: the distribution of the 
total mass over the two or more leaves of the con- 
struction, the thickness of the cavity, the possible 
filling material etc. Enemies of good insulation are 
sound-bridges in cavity walls, leakage of sound 
through slits between the elements constituting the 
construction, flanking transmission, etc. 

The study of lightweight structures is tempting 
for various reasons. The insulation of such structures 
is easy to measure in the laboratory as well as in 


the field without the disturbing effect of flanking 
transmission. Boundary conditions in the laboratory 
can rather easily be adapted to those assumed by 
theory, thus facilitating theoretical discussion of the 
measurements, Many lightweight structures show 
clearly the influence of flexural stiffness, which may 
lead to the complete understanding of the influence 
of flexural stiffness. Theories concerning lightweight 
structures are in rapid development; they require 
discussion and experimental verification. 

It therefore seems justifiable to expect that the 
study of the sound insulation of lightweight struc- 
tures will contribute considerably to the whole 
understanding of airborne sound insulation, in- 
cluding that provided by heavy walls. 


I. SINGLE WALLS 


2. The mass controlled incompressible 
single wall 


If the wall is considered to have a negligible 
flexural stiffness and also to be incompressible, its 
surface density (in kg/m?) must govern the insulation. 
For sound at normal incidence we may use a formula 
due to RAYLEIGH [1]; in modern symbols it reads 
(Fig. 1, curve 1): 

ig = 10 log [1 + (wm/2 @c)?] (1) 
= 20 log wm/2 oc 
where 

ij = insulation or transmission loss at normal in- 

cidence 
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= sound pressure level difference between 
incident and transmitted wave in dB; 
wo = 22a X frequency f; 
m = surface density of the wall in kg/m’; 
oc = specific acoustic impedance of air = 420 
MKS-rayl*), 9 being the density of air 
(1.2 kg/m*) and c the velocity of sound in 
air (344 m/s). 
Eq. (1) holds also for walls of finite dimensions, 
flexural stiffness still being supposed excluded. 
The insulation ig at an oblique angle of incidence 0 
is smaller [3], namely 
ig = 10 log [1 + (wm cos 6/2 oc)?]. (2) 
The derivation of eq. (2) follows the same simple 
lines as that of eq. (1), the factor cos @ originating 
from the fact that at oblique incidence the normal 
components of the air velocities enter instead of 
the total velocities, and the former are cos # times 
smaller. 
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Fig. 1. Mass laws; 
curve l: normal incidence, 
curve 2: random incidence, 
curve 3: ditto restricted to 0 = ca. 80°. 
For comparison: curve 4 = DIN 4109 = mean in- 
sulation in practice at m-values of the upper scale. 


By suitably averaging eq. (2) over the angle of 
incidence 0, the so called ’’mean insulation’’ for 
random incidence is obtained. The result [4] (Fig. 1, 
curve 2) is 

im = Ip — 10 log 0,232. (3) 


The mean insulation i,, is therefore smaller than 
the insulation at normal incidence by the amount 
10 log 0.23 1% dB, a ”correction’’ which increases 
with ip and exceeds 10 dB for i, > 44 dB. 

The major contribution to the correction is due, 
however, to transmission at almost grazing incidence. 


*) The name rayl (from RAYLEIGH) was suggested by 
BERANEK [2], unfortunately however for the CGS-unit, which 
may be assumed to disappear together with the CGS-system 
within the next 10 years. The reviewer suggests that in the 
meantime we should distinguish between the MKS-rayl and 
the CGS-rayl, thus keeping RAYLEIGH’s name for this unit. 
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CREMER [4] argues that it seems more reasonable 


The correction then becomes equal to 5 dB inde- 
pendent of i), with the result that 


im & ly — 5 dB. (4) 


It can hardly be expected that the simple theories 
reported here would agree with experiment. Indeed 
there are systematic discrepancies. Roughly speaking, 
we can say that the insulation at high frequencies is 


smaller than that predicted by mass law, whereas — 


the reverse is often true at very low frequencies. On 
the average the insulation between 100 and 3200 
c/s. is generally lower than that predicted by mass 
law. Moreover, as a result of the two effects men- 
tioned, the average slope of the insulation-frequency 
characteristic is smaller than 6 dB/octave, say 4 to 
5 dB/octave only. 

The high-frequency loss in insulation has been 
discerned and explained by CREMER [4]; it origi- 
nates in the flexural stiffness. The excess insulation 
at low frequencies was pointed out by Lonpon [5]; 
mathematically it could be accounted for by the 
introduction of a resistance, but from a physical 
point of view it is not yet understood. 

Fig. 1, curves 1, 2 and 3, shows the theoretical 
predictions for the various cases. The insulation 7 
is plotted against the variable wm/2 oc. It has been 
tentatively standardized that in cases where an 
average figure is required as a quality index for a 
given wall, the mean dB-value is to be computed 
by averaging i between 100 and 3200 c/s on a 
logarithmic frequency scale. In view of the approxi- 
mately linear theoretical relation between i and log w, 
this is roughly equivalent to taking the insulation 
at the geometric mean frequency between 100 and 
3200 c/s, i.e. 565 c/s. For the sake of convenience 
we have therefore added a second abscissa scale 
(top of Fig. 1) referring to that frequency. 

For comparison we have also included the German 
DIN-standard curve 4 relating the surface density 
m (upper scale) to the mean insulation found in 
practice. 


3. The influence of flexural stiffness 


| 
| 


The general case of walls having mass, flexural — 


stiffness, damping and finite dimensions and excited 
at oblique incidence cannot yet be adequately 
handled mathematically. Confining attention to nor- 
mal incidence ScHocH [6] has shown that the mass 
law holds asymptotically for sufficiently high fre- 
quencies. CREMER [4], ignoring the restriction to 
finite dimensions, finds that for infinite walls the 
mass law holds asymptotically for low frequencies, 
irrespective of the angle of incidence. 
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SCHOCH’s reasoning, reproduced here in a few 
words, amounts to saying that at normal incidence 
only the lower modes of vibration of the finite wall 
are considerably excited and these will be mass- 
controlled at sufficiently high frequencies, i.e. well 
above their corresponding resonance frequencies, 

CREMER [4] studies the forced flexural wave which 
the incident sound imposes on the infinite wall at 
oblique incidence. Its velocity is dictated by the 
velocity of sound in air c and the angle of incidence 
6, thus 

Cforced = c/sin 0. (5) 


A free flexural wave, which must be clearly distin- 
guished from the forced wave just mentioned, may 
also travel through the wall. Its velocity turns out 
to be frequency-dependent, thus 


Le 
G2 p= 
p 6 
Opp = ee Vo, (6) 


where E£ is the modulus of elasticity in N/m? and d 
the thickness of the wall in m. 

Now if the forced velocity Cforcea becomes equal to 
the free velocity Cjree, the wall has lost every resistance 
against transmission. A ’’free’’ wave will be ’’forced”’, 
having such an amplitude that total transmission 


occurs. Bearing in mind (see eq. (5)) that Cforced 1S 


always greater than c, but for grazing incidence 
(0 = 90°) when Cforcea equals c, it is readily seen from 
eq. (6) that for fulfilling the coincidence condition 
Cforced = Cree the frequency must exceed a critical 
frequency determined by 


Cfree.—= C 
yielding (Fig. 2) 


; (ee y 122 
Feri Bagel jo (7) 


0» being the density of the wall. Above this fre- 
quency Cfre > c, and there can always be found an 
angle of incidence for which 


Cforced = c/sin = Cfreey 
i.e. for which total transmission occurs. Thus total 
transmission corresponds to coincidence of the forced 
and free waves. It takes place for grazing incidence 
at the critical frequency and at angles 6 < 90° at 
higher frequencies. 

At frequencies well below fii: the elements of the 
wall behave independently of each other, i.e. the 
wall behaves as mass-controlled. The elements are 
coupled by elastic forces, but the vibration of an 
element of the wall cannot be influenced by the 
vibration amplitudes of the neighbouring elements, 
since the velocity with which the information between 
the elements travels along the wall, i.e. Cjree, is too 
small. 

The case of total transmission is of course idealized. 
If the wall loses its mass character by stiffness inter- 
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action, it does not become quite resistanceless, but 


simply resistance-controlled, 


Thus at a given angle of incidence and increasing 
frequency the wall is mass-controlled at low fre- 
quencies, resistance-controlled near coincidence and 
by extrapolation it may be inferred that the system 
becomes stiffness-controlled at frequencies higher 
than the coincidence frequency. So in a certain 
sense the behaviour is just the opposite to that with 
resonance. That coincidence has nothing to do with 
ordinary resonance is evident from the fact that 
resonance in wave problems originates from bound- 
ary conditions, whereas for the time being the wall 
is supposed to be indefinitely extended. 
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Fig. 2. The critical coincidence frequency as a function of 
wall thickness (d) and longitudinal sound velocity 


VE/o,, in the wall [4]. 


Another essential difference between coincidence 
and resonance is that the critical coincidence fre- 
quency decreases with the wall thickness d (Fig. 2), 
whereas the resonance frequencies of finite plates 
increase with d. 

We quote the following formula directly from 
CREMER’S article: 


ij — 10 log {1 +| 


am cos 0 ( 


Ci free sin? 0 
2c 


cf 


i ® 


the quantity between () being the ’correction’’ due 
to stiffness. 

CREMER has moreover calculated the insulation for 
random incidence with and without inclusion of 
internal damping in the wall material. As expected, 
a breakdown in the mass law curve occurs at the 
critical frequency. 

Numerous experimental results corroborate the 
theory. One single verification is shown in Fig. 3 
[7]. Rubber is not expected to suffer much from 
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coincidence, since it is flexible and must have a 
high critical frequency. It closely obeys the mass 
law. The equally heavy steel and concrete slabs 


clearly show a considerable coincidence breakdown‘ 


at the frequencies predicted by theory. 
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Fig. 3. The random incidence insulation after G6sELE [7] 
of four walls of 55 kg/m?. 


Coincidence breakdown in the middle of the fre- 
quency range, say between 500 and 1000 c/s, should 
in any case be avoided. Walls having their coinci- 
dence at, say 2000 c/s (lightweight structures) should 
be made more flexible in order to shift the critical 
frequency to still higher frequencies [8] whereas the 
reverse applies to walls with critical frequencies 
around 200 c/s. 

ScHocn’s result [6] was too complicated for use 
at any but normal incidence, CREMER’s [4] was 
confined to the case of infinite walls. To cover the 
practical case, a synthesis of these points of view 
has recently been considered both experimentally 
and theoretically by ScHocH and FEHER [9]. Their 
starting point is CREMER’s result. The forced flexural 
wave in a finite wall is incompatable with the bound- 
ary conditions without the introduction of auxiliary 
free waves travelling from the boundaries in- 
wards. Using a simplified picture we could say that 
the forced wave, on arrival at the boundary, is 
reflected as a free wave, since it has lost its guide, 
the air wave. The free wavelength will be smaller 
than the wavelength in air for frequencies below the 
critical frequency. Such short waves radiate very 
weakly into the surrounding medium [10], from 
which it is evident that the mass law should apply 
reasonably well to finite walls below the critical 
frequency. Above this frequency the free waves 
which are reflected do radiate. These free waves, on 
meeting each other on their way inwards, may give 
rise to resonance, and thus lead to increased radia- 
tion, i.e. to transmission. On the average, we should 
expect that these free waves from the boundaries 
would lead to an increased transmission as compared 
to that of the infinite wall. Striking and instructive 
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observations of this effect measured on a model 
scale are to be found in [9]. 


4. Insulation at low frequencies 


As mentioned above, the insulation at low fre- 
quencies — well below the coincidence breakdown 
— is frequently better than that predicted by mass 
law [5], [9]. Similar unmistakable results have 
recently been obtained by Prutz in the reviewer's 
acoustic department. Lonpon, who laid considerable 
stress on this effect, accounted for it by the intro- 
duction of a resistance (of viscous or other origin) 
contributing to the mass reactance. As he has 
shown, this resistance is essential to enable double 
walls with unfilled cavity to insulate better than 
single walls with the same overall surface density. 
This resistance, therefore, is an important feature 
of a single wall. Its nature is as yet not understood. 
It has been suggested [9] that there is something 
wrong at low frequencies with the method of cor- 
rection for absorption in the receiving room. 


II. DOUBLE WALLS 


5. The mass-controlled double wall with 
unfilled cavity 


The theory of transmission at normal incidence 
for this case is well known [11]. The insulation 
curve shows a resonance dip at a generally rather 
low frequency of say 100 c/s, at which frequency 
the two leaves vibrate in opposite phase against the 
air spring constituted by the air in the cavity. Then 
we should expect a steep increase in insulation, 
leading to values of the insulation considerably above 
those predicted by mass law for the equally heavy 
single wall and extending up to the frequency range 
of, say, 2000 c/s and higher, at which point the 
insulation begins to suffer from resonances of the 
air itself within the cavity. On the average this 
theory for normal incidence predicts a considerable 
superiority of cavity walls over equally heavy single 
walls. The fact that practical cavity walls afford 
generally poorer insulation than this theory would 
predict is usually accounted for by the use of too 
heavy wall ties and other sound bridges. 

Lonpon [12] has shown however that at random 
incidence a cavity wall with unfilled cavity does not 
constitute an improvement over the equally heavy 
single wall. Above the rather low resonance fre- 
quency fy, the double wall is as a rule even inferior 
in comparison with the equally heavy single wall. 
This is due to the fact that the resonance dip in the 
curve shifts to higher frequencies for oblique in- 
cidence in the ratio 1: cos@. It is readily seen, 
however, that a shift of the resonance to, say 5f, 
requires almost grazing incidence. It seems doubtful 
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therefore whether the low theoretical insulation 
predicted at frequencies above 5f, will actually 
appear in practice. We would suggest instead that 
the resonance phenomenon at random incidence 
reduces to a breakdown over a limited frequency 
range of say a few octaves, as in the case of the 
coincidence effect. 

For structures of very light weight this may be 
serious enough, however, since their f) is between, 
say, 100 and 300 c/s so that their resonance dip for 
random incidence falls in the important frequency 
range. Something should be done, therefore, to 
counteract the resonance of lightweight structures 
occurring at oblique incidence. Possible means 
would be to increase the internal damping both of 
the wall material and at the boundaries, and to use 
small quantities of sound-absorbing material in the 
cavity near the boundaries, or preferably throughout 
the whole cavity. 

LonDON assumed that his unexplained but neces- 
sary resistance, introduced to account for the ob- 
served insulation of single walls especially at low 
frequencies, would also be present in both leaves 
of a cavity wall. Lonpon [12] then calculated that 
the random insulation of a cavity wall would be 
superior to that of an equally heavy single wall 
by some 10 to 20 dB, and found agreement between 
theory and experiment on this point. This provides 
another demonstration that LoNDON’s resistance 
must have a ’’raison d’étre’’. 


6. The unfilled double wall with flexural 
stiffness 


It is clear that a coincidence dip of one of the 
leaves impairs the overall insulation of the cavity 
wall. One of the leaves is, then, so to speak ineffec- 
tive in the frequency range involved. If both leaves 
have their coincidence dip in the same range the 
damage to the curve may be serious indeed. It 
therefore seems wise to choose the leaves of different 
thickness and/or of different material in order to 
avoid overlap of the coincidence dips of the leaves. 
This is a well-known rule of thumb probably based 
only on the architect’s instinct or feeling. It is often 
“explained” by emphasizing that the resonance 
frequencies of both leaves would then be different, 
but in our opinion this reasoning is theoretically 
unsound, As a rule really lightweight structures can 
easily be manufactured so flexible that the coinci- 
dence dips lie at rather high frequencies so that it 
does not seem necessary to pursue the matter further. 
It should be emphasized, however, that it is impor- 
tant to verify that the critical coincidences are really 
sufficiently high. 
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An instructive result due to FLeminc [13] is 
reproduced in Fig. 4 (see legend). It can be explained 
by the following reasoning. 

80dB 


6 8 103 2 4 
——> Frequency 


10” Z 4 6 8 10%¢ls 


Fig. 4. Random incidence insulation of double window after 
FLEMING [13], leaves of 8 and 9.5 mm respectively, 
15 cm cavity (measured points not shown). 


If white noise were directed at random incidence 
onto a single wall, the transmitted sound with fre- 
quencies above the critical coincidence frequency 
would be directionally coloured, for the higher fre- 
quencies would prefer the "more perpendicular’ 
transmission, and the lower the more oblique to 
grazing transmission (Cf = c/sin 0), i.e. the sound 
above the critical frequency would be more or less 
spread out into a continuous spectrum, just as would 
a light beam passing through a prism. If two such 
leaves are combined to constitute a cavity wall, the 
continuous dispersed spectrum of the first leaf is 
transmitted into the cavity. Certain rays will fit 
into the cavity as to direction and frequency; in 
acoustical terms they are in resonance, or in optical 
terms they interfere. These rays therefore excite the 
second leaf more strongly than do the others. The 
second leaf has no appreciable resistance against 
these particular rays, since it too is in coincidence 
for all of them. The high-frequency part of a random 
white incident sound is therefore transmitted as a 
directionally coloured line spectrum. The line 
spectrum above 2000 c/s in Fig. 4 could be explained 
quantitatively by this reasoning [13]. 

Of course a cavity wall with more unequally thick 
leaves would also show coincidence effects, but they 
would be less pronounced since the number of dips 
would be doubled, while their band width and 
depth would be smaller. 


7. Advantages of filling the cavity 


It can be shown that the low resonance dip in the 
transmission curve at normal incidence, caused by 
the two leaves vibrating against the air spring in 
between, can be filled out effectively by using a 
porous flexible filler in the cavity [14]. This might 
be the case a fortiori at oblique incidence thus doing 
away with the whole low frequency resonance 


268 


phenomenon. In the middle frequency range, say 
300 --: 1000 c/s, the effect of the filler is small for 
cavities of practical dimensions. At the higher fre- 


quencies, however, the insulation is greatly im-' 


proved. The effect is the less important the thinner 
the layer of air and the heavier the leaves [12]. 
Indeed for cavities of a few centimeters the effect 
is practically restricted to the avoidance of the low- 
frequency resonance. 

The problem of finding the best filler has not 
yet been completely solved. It is probable that the 
best material should have a rather high air resistance 
and a rather high stiffness, though smaller than that 
of air. Moreover a high internal damping of the 
filling material is beneficial. 


8. The effect of wall ties, common clamping 
an other sound bridges 


This problem is still in need of further study, and 
will be dealt with during the Congress by several 
authors. We therefore confine ourselves to a few 
remarks, 

The more flexible the leaves the less dangerous 
are the sound bridges. A sound bridge excites free 
waves in the second leaf. In very flexible leaves these 
waves will have a very short wavelength, and such 
short waves radiate very inefficiently. This state- 
ment, made from the standpoint of theory, is 
corroborated by experiment [15]. 


III. SOME INTERESTING 
MEASUREMENTS 


In Fig. 5 Lonpon’s results [11] on plywood 
double walls are reproduced, showing (1) the detri- 
mental effect of coincidence near 2000 c/s and (2) 
the advantage of using a rather wide cavity. The 
improvement over the single leaf is more than 6 dB 
and could be explained only by the introduction of 
a resistance term, which 1s itself still in need of 
explanation. 
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Fig. 5. Plywood double walls with various cavities at random 
incidence after Lonpon [12] as compared with the 
one-leaf wall (} mass). The thickness of the cavity 
in mm is indicated along the curves. 


In Fig. 6 Lonpon’s experiments [12] on plaster- 
board double walls are shown; these are analogous 
to those of Fig. 5. 
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Fig. 6. Plasterboard single and double walls with 7.5 cm 
cavity; thickness of leaves indicated along the curves 
in mm (after Lonpon [12]). 


Fig. 7 shows some results of GésELE [16] on a 
hardboard double wall with fibre slabs in a 15 cm 
cavity without sound bridges. The improvement is 
considerably better than 6 dB. The steep decrease 
near 3000 c/s agrees with the calculated coincidence 
dip. 
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Fig. 7. Double wall: leaves of 1.1 cm hardboard, 15 cm 
cavity with fibrous filler, no sound bridges or flanking 
transmission. For comparison the one-leaf wall 
(1.1 cm) (after GésELe [16]). 
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Fig. 8 (also from GésELE [16]) shows clearly the 
coincidence dips in the single and double wall 
curves, as well as the resonance dip, calculated at 
200 c/s, due to the use of a too shallow cavity. The 
studs connecting the two leaves every 56 cm seem 
tolerable. This can be explained below the coinci- 
dence dip by the high flexibility of the leaves; for 
the free waves excited in the second leaf by the 


Fig. 8. Double wall with studs: leaves 1 cm wood, 3 cm 
cavity with glasswool. For comparison: single wall 
1 cm wood (after GéseLe [16]). 
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studs are of such short wavelength that they would 
radiate inefficiently. Above coincidence another 
explanation must be sought. LoNDON’s resistance 
of the leaves as well as their additional damping by 
the glasswool filler may be involved here. 

Finally, we show in Figs. 9 and 10 two graphs, 
containing as yet unpublished results of the Tech- 
nical Physics Department TNO and TH at Delft. 
The walls tested had an overall size of 1.9 x 1.9 m? 
and consisted of a wooden frame F (7.5 x 3 cm?) 
clamped tightly into the measuring opening between 
two reverberant rooms in the laboratory. Two 
prefabricated units of 0.9 x 1.84 m?, each con- 

| sisting of a wooden frame of 7.5 x 3.5 cm* to which 

the two leaves of the double wall were screwed at 
both sides, were inserted into the wooden frame F 
with a stud in between them, the latter being con- 
nected with F. 


4mm Plywood 
15mm Woodwool cement 


. sien free cavity F- 


Slits gpen: Curve 3 ‘3 
Slits open: Curve 2 
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Fig. 9. Double wall as measured in the test house, without 
leakage of sound through slits (curve 1) and with 
slits of various kinds (curves 2, 3, 4) (unpublished 
results Techn. Phys. Dept. Delft). 


Fig. 9 shows the detrimental effect of leakage of 
sound through slits, all curves relating to the same 
double wall consisting of leaves of 0.4 cm plywood 
to which 1.5 cm woodwool-cement slabs were stuck 
at the cavity side, the free cavity being 4.5 cm. 
Curve 1 shows the insulation of the wall when all 
slits had been carefully closed with plasticine; curve 
2 the insulation with the slits between F and the 
test house opened, and curve 3 the insulation with 
the slits between F and the units opened; curve 4 
relates to an only partially successful trial to suppress 
the latter transmission with rubber strips over the 
slits between F and the units. 

The insulation loss due to the slits is in quite good 
agreement with theory. Slits of approximately 10 cm 
depth resonate at 1500 c/s (curve 3). The slits 
between F and the test house (curve 2) resonate at 
an even lower frequency as a consequence of the 
(felt-filled) cavity within the stud. 

Fig. 10 shows the insulation of four demountable 
walls. Their description, surface density and mean 
insulation value are given in the legend of the figure. 
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Fig. 10. Double walls consisting of two units 1 x 2m’, 
analogous to those shown in Fig. 9, measured in 
the laboratory. Studs of 75 mm; m = total surface 
density excluded studs in kg/m’. 


Curve | Construction of a leaf Cavity m | meani 

1 4 mm plywood empty 4.5 | 24 

2 6 mm plywood empty 6.8 | 26 

3 6 mm plywood tin slagwool | 19.5 | 33 

4 4mm plyw.+ 15mm | empty PSs) |) SMES) 
woodwool cement 
stuck to the ply- 
wood at inside 


The improvement of 7 dB of curve 3 over curve 2 
is due to the slagwool filler, the 13.5 dB difference 
between curves 4 and 1 comes from the 15 mm 
woodwool cement plates stuck to the plywood at 
the cavity side. Another interesting statement can 
be made on comparing construction 4 with an 11 cm 
brick wall. The latter is 10 times heavier and isolates 
only 4.5 dB better (42 dB) instead of some 14 to 
20 dB as predicted by the slope of the various mass 
laws. 


Our conclusions may be summarized as follows: 


1) Single walls roughly follow the mass law at 
low frequencies, but show a coincidence dip at high 
frequencies. 


2) At very low frequencies the rather high insu- 
lation of single walls requires some sort of resistance 
for its explanation. 


3) Double walls without losses are theoretically 
expected to be inferior to equally heavy single walls, 
at least below the coincidence region and probably 
also within it. 


4) Practical double walls are undoubtedly supe- 
rior to single walls, the more so the bigger the 
cavity, the higher the coincidence frequency of the 
leaves and the greater the damping. 


5) Fillers in the cavity are advantageous, espe- 
cially for very light walls. 


6) Sound bridges, although not beneficial, are 
tolerable, certainly if the leaves are flexible enough. 
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7) Aspects needing further study are: 
a. the influence of filling materials; 
b. the influence of sound bridges; 
c. the influence of damping; 
d. Lonpon’s resistance. 
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SOME MEASUREMENTS ON LIGHTWEIGHT DOUBLE WALLS 


by O. BRANDT 
Royal Institute of Technology, Stockholm 


Summary. Some results of measurements on lightweight double walls are given to show the 
influence of wall mass, airspace and friction. When introducing heavy sound bridges between two 
lightweight panels the low-frequency insulation may be improved. 


Sommaire. On donne quelques résultats de mesures faites sur des parois doubles de faible poids, 
pour montrer l’influence de la masse de la paroi, de l’intervalle d’air et du frottement. On peut amé- 
liorer l’isolement acoustique aux basses fréquences en introduisant des ponts acoustiques lourds 
entre deux panneaux légers. 


Zusammenfassung. Einige Ergebnisse von Messungen an leichten Doppelwanden werden an- 
gefiihrt, um den Einflu8 von Wandmasse, Luftpolstertiefe und Reibung zu zeigen. Durch Anbringung 
von schweren Schallbriicken zwischen zwei leichten Platten kann die Isolation fiir tiefe Frequenzen 


verbessert werden. 


1. Introduction 


As was first shown by CREMER [1] it is important 
to decrease the stiffness of a single lightweight wall 
in order to remove the usual dip in the insulation 
curve — due to the coincidence effect — to fre- 
quencies above the range 100 --- 3200 c/s. LonpoNn 
[2] has demonstrated that some considerable im- 
provement may be gained by increasing the friction 
of a light panel. When high insulation is aimed at 
and a low weight is of importance only double or 
multipanel walls can be accepted. In the following 
some results of measurements on double walls are 
given to demonstrate the effect of some wall con- 
stants. The measurements have been carried out 
according to the proposed international standard 
methods. 


2. Double walls without common ties 


Theoretical considerations have led to closer and 
closer agreement between calculated and measured 


reduction factors of double panels, but it is still not 
possible to predict the reduction factor with suffi- 
cient accuracy. WINTERGERST [3] was the first one 
to show the trends for double walls without common 
ties. He however restricted himself to normal in- 
cidence and assumed the panels to have mass 
reactance only. CREMER’s studies of the stiffness of 
a single panel exposed to sound waves at oblique 
incidence enabled Lonpon [4] to take mass, stiffness 
and friction of a double wall into consideration. 
LONDON calculated the ratio A of the pressure p,; 
of the wave falling at the angle 4 on the first panel 
and the pressure p, of the wave leaving the second 
panel: 


elt 
A’= ° (1) 
Zy cosé Zw cos6\* satin 
1 ree ( 2 ec ) (a 
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Z.» = mechanical impedance per unit area of each 
of the two panels, 


d = distance between the panels, in the follow- 
ing called airspace, 
k =a/c =2a/A = wavenumber, 


oc = characteristic impedance of air. 

The corresponding expression for a single panel is: 
Zw cosé 

= ‘ 2 
Pi 2 oc (2) 


Eq. (2) may be derived from (1) by setting d = 0 and 


a2 Zs 

It is seen that A and hereby the reduction factor 
in the case of double walls depends to a much higher 
degree on the wall impedance than in the case of 
single panels. Consequently, it is more important to 
avoid the coincidence effect for the double panel 
than it is for the single panel, i.e. the stiffness should 
be reduced as much as possible. As the impedance 
increases with frequency the improvement of the 
double wall compared to the single wall does as 
well. Lonpon has modified CREMER’s expression for 
the wall impedance by taking the friction R into 
consideration: 


Zon (1 ae sin*) ~ 


m = panel mass per unit area 
fe = critical frequency of coincidence. 


2R 


cos 0 


(3) 


In order to improve the impedance the mass, the 
friction and the coincidence frequency f, should be 
increased, the latter by decreasing the stiffness. 

The influence of the airspace is seen by developing 
the exponential in eq. (1), which reveals that a big 
airspace is necessary in order to insure a high reduc- 
tion factor for a light double panel at low frequen- 
cies. 

Some uncertainty as to wall friction, edge con- 
ditions and angular distribution of the waves falling 
on the panel makes it extremely difficult to cal- 
culate the reduction factor from primary constants 
but the formulae are useful indeed in showing the 
trends if the wall constants are changed. 

For a double wall the important constants to be 
decided upon when choosing a wall are the mass 
per unit area of both panels and the airspace. In 
Fig. 1 is shown the reduction factor averaged within 
the frequency range of 100 --- 32000 c/s as a function 
of airspace for a light and a relatively heavy double 
wall. The slope of the insulation curves — all similar 
in shape — falls off gradually as the low frequency 
insulation is raised due to the increased airspace. 

Only moderate improvement over the equally 
heavy single wall is obtained when the airspace 
between two light panels is small. Lonpon has 
shown that the improvement may even be negative 
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Fig. 1. Reduction factor averaged within 100 --- 3200 c/s for 
70 and 15 kg/m? panels without sound bridges and 
mounted in separated brick walls. Rockwool blanket 
in the airspace. Panel dimensions: 2 x 2 m’. 


at low frequencies when d and m are small and the 
wall impedance is only due to mass reactance. That 
this may actually be the case is shown in Fig. 2 
where a double plasterboard wall is seen to have a 
lower reduction factor at frequencies below 400 c/s 
than the single panel; the latter even had only the 
mass of one of the leaves of the double wall. This 
effect disappears for bigger airspace and does not 
show up for walls with more friction. 
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Reduction factor of single and double panels of 
1.3 cm plaster board. The two panels are mounted 
in separated brick walls; airspace = 2.5 cm, damped 
by rockwool blanket. Panel dimensions: 2 x 2 m?®, 


Fig. 2. 


3. Double walls with common ties 
(sound bridges) 


In building practice it is seldom possible to 
employ a light double wall without connecting the 
panels at several points across the surface beside 
the edges. So far no general attempts have been 
made to calculate the effect of connections across 
the surface. Here some results of measurements 
carried out during the development of light panels 
and doors shall be given. 

The measurements have been carried out on 
2 x 2 m* double panels clamped to a common wall 
or fastened in two separate brick walls. The sound 
bridge consisted of a vertical wood stud with cross 
dimensions 5 x d cm? (d = airspace) in the midst 
of wall. A 24 cm rock wool blanket was fastened 
to one of the panels. The mass of the walls is given 
in kg/m? including both panels but not the bridges. 
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When the panels are mounted in a common wall 
they are fastened to wood studs along the edges 
with the same cross dimensions as the vertical sound 
bridge. 

As is well known high insulation is obtained 
in creating greatest possible impedance difference 
between neighbouring media or bodies. MEYER [5] 
has demonstrated that this main principle holds for 
sound bridges as well and has. shown that in the 
case of lightweight panels the connecting bridges 
should have the highest possible impedance com- 
pared to the panel impedance i.e. they should be 
heavy. Iron bridges were shown to reduce the panel 
insulation less than wood connections. However the 
bridges may also have the effect of increasing the 
wall impedance. This change is greatest at the low 
frequencies where the mass reactance is low and 
where the wall surface influenced by the bridge is 
large. With very light panels, the loss in reduction 
factor due to the connections between the leaves may 
actually be compensated by the gain due to improved 
impedance at the wall surface. 

Fig. 3 shows a summary of a number of measure- 
ments on light double walls with and without con- 
nections. As is expected the heavy panel — 70 kg/m? 
— is much influenced by connections at the edges. 
The 35 kg/m? panel is influenced in a similar way 
by the edge connections but further ties along the 
midst of the wall have little effect on the insulation. 
Most interesting, however, is that the 7 kg/m? panel 
has a higher reduction factor when a vertical bridge 
is introduced compared to connections only along 


50d8 


40 


Reduction factor 


30 
0 5 10 15cm 
—— Airspace 
Zero, 
ZA TZ No sound bridges 
E77, --—— Bridges at the edges 
Bridges at the edges 


Y wn Y weak 


Fig. 3. Reduction factors averaged within 100 --- 3200 c/s for 
some double walls with and without connections 
between panels. Rockwool blanket in airspace. Panel 
dimensions: 2 x 2 m*. Cross section of sound bridge: 
5 x d cm’. 


and in the middle 
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the edges. Let us consider the insulation curve for 
such a case. 


60dB 


S 
S 


S 


—> Reduction factor 


——~ Frequency 


Fig. 4. Reduction factor for double 7 kg/m? wood panel 


mounted in common brick wall with (2) and without 
(1) a vertical wood sound bridge with dimensions 
5 x 12.2 cm*. Airspace 12.2 cm damped with rock- 
wool blanket. Wall dimensions: 2 x 2 m*, 


In Fig. 4 the insulation curve is shown for the 
7 kg/m? panels for the airspace 12.2 cm. The bridge 
increases the insulation below 800 c/s, Similar results 
are shown for a 21 kg/m? panel in Fig. 5. Measure- 
ments on single panels with and without supporting 
studs show a similar improvement of the low- 
frequency insulation, an effect which may be ex- 
plained by the increased low-frequency wall impe- 
dance. For heavier panels this effect becomes 
negligible; the transmission between the panels is 


= 

cS 

$4008 

= 

3 2 
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——~ Frequency 


Reduction factor for double 21 kg/m? wood panels 
mounted in separated brick walls with (2) and without 
(1) a wood stud (5 x 22 cm?) through the middle. 
Airspace: 22 cm damped with rock wool blanket. 
Wall dimensions: 2 « 2 m?. 


Fig. 5. 
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Fig. 6. Reduction factor for panels in dimensions 1 x 2 m*® 
1) single panel (10.5 kg/m*); 2) double panel (21 
kg/m*) without sound bridge but mounted in common 
brick wall; rockwool blanket in 9.3 cm airspace; 
3) ditto but one vertical and one horizontal connection 
through the wall as sketched above. Sectional area 
of bridge: 9.3 x 5 cm*. 
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enhanced because of the better impedance match 
between panel and stud. 

For panels of smaller dimensions the edge con- 
nections are of dominating importance for the trans- 
mission between the panels. Fig. 6 shows how little 
a crosslike 5 x 9.3cm” wooden bridge along the 
vertical and horizontal midst influences the insulation 
of a1 xX 2 m? panel with edge connections, a result 
which bears on the design of doors. 

By proper mismatching of the impedances it 
should be possible to design sound bridges in light- 
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weight walls in such a way that the low-frequency 
insulation is improved and negligible loss is met 
at higher frequencies. 
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BERECHNUNG DER WIRKUNG VON SCHALLBRUCKEN 


von L. CREMER 
Universitat Miinchen 


Zusammenfassung. Der Energietibertritt von Stab zu Platte fiir longitudinale Wellen und fiir 
Biegewellen; der Ubertritt von Platte zu Platte iiber eine kurze stabférmige Briicke; die Verminderung 
der Trittschalldammung eines schwimmenden Estrichs aus Zement und eines aus Asphalt mit hoher 
innerer Dampfung durch punktweise Briicken; die Verminderung der Luftschalldammung einer 
leichten Doppelwand mit punktweisen Briicken. 


Summary. Energy transfer from beam to slab for longitudinal and flexural waves; transfer from 
slab to slab, through a short rod forming a bridge; the reduction in impact sound insulation of a 
floating floor made of cement and one of asphalt with high internal damping by sound bridges; 
reduction in airborne sound insulation of a lightweight double wall with sound bridges. 


Sommaire. On étudie les questions suivantes: transmission de l’énergie d’un barreau a une plaque, 
dans le cas d’ondes longitudinales et d’ondes de flexion; transmission d’une plaque 4 une plaque 
par un élément court en forme de barreau et constituant un pont acoustique; diminution, du fait 
de ponts acoustiques locaux, de l’affaiblissement du bruit de choc sur un carrelage flottant en ciment 
ou en asphalte ayant un grand amortissement interne; diminution, du fait de ponts acoustiques 


locaux, de l’affaiblissement du bruit aérien dans une paroi double légére. 


Die an Doppelwanden gemessenen Schalldimm- 
zahlen zeigen, daB die Ubertragung von Schale zu 
Schale hauptsachlich iiber die diese verbindenden 
Briicken erfolgt. Ebenso ist bekannt, daB selbst ein- 
zelne Briicken die Wirkung eines schwimmenden 
Zementestrichs sehr verschlechtern. 

Es sei daher versucht, die Energieiibertragung 
iiber eine stabférmige Briicke (Dichte 0,, E-Modul E; 
und Lange h,) zu berechnen, die eine Platte (09, Ep, 
Dicke hy) mit einer anderen (0,, E,, h,) verbindet. 

Wenn in der ersten Platte eine Biegewelle den 
Stab trifft, so kann sie in ihm einmal eine longitudi- 
nale Welle erzeugen, andererseits auch eine Biege- 
welle; beide kénnen in der zweiten Platte eine 
Biegewelle auslésen. 

Bei der longitudinalen Welle ist das Verhiltnis 
der von einem (unendlichen) Stab in eine (unend- 
liche) Platte iibertretenden Energie zur auffallenden 
einfach gekennzeichnet durch das bekannte An- 
passungsgesetz: 


A (1) 


Hierin ist 


4 = A, Ve, E,. (2a) 


der Wellenwiderstand des Stabes (A, seine Quer- 
schnittsflache) und 


Zo = 2,3 V0, By hy? (2b) 
die Impedanz der zweiten Platte bei punktweiser 


Anregung [1]. Besteht beides aus gleichem Material, 
so erfolgt ein totaler Ubergang bei 


A, == 23 lows (3) 


d.h. bei quadratischem Stab, wenn die Kantenlange 
a= 1,5 hy, bei kreisrundem Stab, wenn der Durch- 
messer d = 1,7 hy ist. Solche Abmessungen liegen 
aber gerade im Bereich des konstruktiv Ublichen. 
Der longitudinale Ubergang ist daher im allge- 
meinen sehr beachtlich. Man mu8 schon zu sehr 
extremen Querschnittsunterschieden, wie zu diinnen 
Eisendrahten zwischen schweren Ziegelmauern grei- 
fen, um wesentliche Dammwirkungen zu erzielen 
[2]. Bei Verbindung leichter Schalen kann eine 
Drahtverbindung der Anpassung naher kommen, als 
eine mit dicken und schweren Stegen. In der Tat 
hatte E. Meyer [3] bereits 1937 experimentell ge- 
funden, daB Eisenstabe zwischen Holzplatten besser 
dammen als Holzstabe, und dies durch ihre schlech- 
tere Anpassung erklart. 


274 


Schwieriger ist der Ubertritt von Biegewellen im 
Stab in die Platte zu behandeln. Da hierbei die 
transversale Schnelle an der Ubergangsstelle Null 
ist, wird der Energietibertritt nur noch durch das 
Produkt aus Moment M, und Winkelgeschwindig- 
keit w, bestimmt. Daher gehen auch in die zu (1) 
analoge Formel fiir den Quotienten aus iibertre- 
tender zu auffalender Energie, 


(1 —i) ¥, —2Y, |? 4 
(+)¥, 42%,’ 2 
die Quotienten aus Winkelgeschwindigkeit und 


Moment ein. Und zwar bedeutet wieder Y, diesen 
Quotienten fiir die ankommende Welle 


Gp. 


Wa y ao 
M, ! (£4)? 0A, 


(o = Kreisfrequenz und J, = Tragheitsmoment) 
und Y, den entsprechenden Quotienten am Stab- 
ende. 

Um ihn zu berechnen, idealisieren wir die Uber- 
tragung des Momentes M, durch ein Kraftepaar mit 
dem Hebelarm e. Man erhilt so ein Biegewellen- 
dipolfeld, welches sich aus zwei der friiher behan- 
delten Felder [1] mit punktférmiger Erregung 
formal zusammensetzen 14Bt. Dabei ergibt sich 


(5) 


Yoga 


3m fl, i 12e \ 
Ymgelatal (Ga) 6 
mit der Biegewellenlange in der Platte: 
i oe 
dng = 20 ge 0G 


12 0,0" * 

Im Imaginarteil geht der willkiirliche Hebelarm 
e ein; d.h., es geht allgemein die seitliche Aus- 
dehnung des Stabes und die Art der Verbindung 
ein. Trotzdem kénnen wir Formel (4) fiir eine Ab- 
schatzung des Absorptionsgrades ag benutzen, indem 
wir jedenfalls einen zu groBen Wert erhalten, wenn 
wir Im(Y,) = 0 setzen. Unter Annahme eines qua- 
dratischen Stabes von der Kantenlange a, ergibt sich 
dabei: 

E, a? a 
Ey fa Ay” *) 

Der Schalliibertritt durch Momenteniibertragung 
iiber die Briicke erscheint hiernach jedenfalls bei 
den tiefen Frequenzen gegeniiber demjenigen durch 
Langskraftiibertragung als unerheblich. Wir werden 
diese daher fiir den vorliegenden Versuch einer 
ersten Theorie der Schallbriicken auBer Acht 
lassen. 

Wenn die in der ersten Platte gegebene Biegewelle 
mit der Schnelle v, die Briicke trifft, entsteht an 
dieser eine Schnelle v,, die sich von vy um den der 
dort riickwirkenden Kraft F, entsprechenden Anteil 
unterscheidet: 


Ape oe 1,6 


Vv; = Vo — F,/Zo. (9) 
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Die EingangsgréBen F,, v, der am Ende mit Z, 
belasteten Briicke hangen mit der gesuchten Aus- 
gangsgr6Be v, iiber die bekannten Gleichungen 


F, = (Z,cosk,h, +iZ,sinkh,) vy» (10) 
(11) 


zusammen, worin k, die Longitudinalwellenzahl im 
Stab 


ba (i 2 sin k,h, + cos iyhs) Ve 


(12) 


bedeutet. Im allgemeinen sind die Briicken so kurz 
im Verhaltnis zur-Wellenlange, daB die hier ent- 
haltenen Nullstellen des sin bzw. cos, d.h. aber 
Eigenschwingungen der Briicke, nicht interessieren, 
sondern die Briicke in (10) nur als Masse, in (11) 
nur als Federung wirkt: 


F, = (2, + 1 Zykyhy)v2 = (Zz, + 10, A;hy)v2, (13) 
Vy = (1 Zgkyhy/Z, + 1)v2 = (iwh,Z,/E,A,; +1). (14) 
Die Kombination zwischen (9), (13) und (14) liefert 
fiir das interessierende Verhiltnis: 


N= = (14+ 2) +i (4% +58 om. (15) 


Unser technisches Ziel ist es, v, méglichst klein, 
also den Ausdruck N méglichst groB zu machen. 
Dabei gehen die Daten der Briicke nur in den 
zweiten Summanden ein. Der méglichst zu ver- 
meidende Querschnitt ist durch das Minimum des 
Klammerausdrucks gegeben, also durch 

A, = VZo2a/Ex01- (16) 
(Bei Materialgleichheit und hy = h, kommt das auf 
die Formel (3) hinaus.) Ferner ist 0, méglichst groB, 
E, méglichst klein zu wahlen, doch hat das erste 
nur Zweck, wenn der erste Summand, also die 
Tragheitswirkung der Briicke, iiberwiegt, das zweite 
nur dann, wenn die Federungswirkung iiberwiegt. 
In beiden Fallen ist groBe Briickenlange giinstig, 
woraus, da jede Lange im Verhiltnis zur Wellen- 
lange zu bewerten ist, auch folgt, daB die Dammwir- 
kung mit der Frequenz wachst. 

Trotzdem ist der Nebenweg iiber die Briicken 
gerade bei den hohen Frequenzen von Bedeutung, 
weil die Dammung iiber die Luftschicht noch 
starker mit der Frequenz wachst. 

Bei diesem Vergleich ergeben sich allerdings 
Unterschiede zwischen der punktweisen Trittschall- 
erregung und der flachenhaften Luftschallerregung. 


Bei der punktweisen Erregung sind das iiber die — 


elastische Schicht angeregte Wellenfeld und das 
stets punktweise iiber die Briicke angeregte unmittel- 
bar vergleichbar. Eine auf die erste Platte (Estrich) 
wirkende Kraft F, erzeugt gegeniiber der Anregungs- 


4 


stelle in der zweiten Platte (Rohdecke) die Schnelle | 
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wobei v,** die bei unmittelbarer Anregung der 
zweiten Platte sich ergebende Schnelle darstellt [4], 
und @, die Eigenkreisfrequenz des aus der Masse 
der ersten Platte je Flache und der Steife der 
elastischen Schicht je Flache s bestehenden Systems 


Wy, — Vs lool: (18) 
Befindet sich nun in der Entfernung r, von der 


Erregungsstelle eine Briicke, so hat die in (9) ein- 
gefiihrte primare Schnelle dort den Wert 


F 
v= Zz, IT (koro); (19) 


wobei die fiir das rotationssymmetrische Biegewel- 
lenfeld kennzeichnende Funktion J/ (kr) fiir r) = 0 
den Wert 1 annimmt und fiir (kpr)) > 3 in 


TT (koro) = y a en (ire +) 


koro 
iibergeht. Aus vy ergibt sich v,, das genau wie v,* 
und v,** ein weiteres radialsymmetrisches Biege- 
wellenfeld in der zweiten Platte zur Folge hat. 
Die durch die Briicke verminderte Verbesserung 
ist gegeben durch: 


(7 2)2 


~ oe {(%) + Ge} 


In Abb. 1 ist der Frequenzgang dieses Ausdrucks 
aufgetragen fiir einen 3 cm dicken Zementestrich, 
der in 1 cm Abstand iiber einer 12 cm dicken 
Betondecke verlegt ist und der in 2 m Abstand von 
der Klopfstelle eine Briicke von 4, 1 bzw. 0,25 cm? 
Querschnitt aufweist. Man sieht wie selbst der letzte 
zu einer erheblichen ,,Verschlechterung’’ gegeniiber 


(20) 


(21) 


pero ! 
NSS 


01 02 04 08 16 32 kHz 


——~ f 


Abb. 1. Frequenzgang der Verbesserung eines schwimmend 
verlegten Zementestrichs ohne Briicke (strich- 
punktiert), bzw. mit A cm? groBer Briicke in 2m 
Abstand von der Klopfstelle (ausgezogen). 
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der ohne Briicke sich ergebenden geraden Linie 
fiihrt. 

Wesentlich giinstigere Ergebnisse ergeben sich 
bei Asphaltestrichen mit unfreiwilligen Briicken, vor 
allem deshalb, weil sie eine groBe innere Dampfung 
mit einem Verlustfaktor, d.h. Verhaltnis der ver- 
lorenen zur elastischen Formanderungsarbeit von 
etwa 7 = 0,2, aufweisen. Dadurch sinkt die Ampli- 
tude mit der Entfernung vom Erregungsort mit: 


fale ae 


oo 

In Abb. 2 ist unter Beriicksichtigung dieser 
Dampfung der Frequenzgang von AL aufgetragen 
fiir einen 2,5 cm starken Asphaltestrich, der wieder 
in 1 cm Abstand tiber einer 12 cm dicken Beton- 
decke verlegt ist und der eine 1 cm? groBe Asphalt- 
briicke in 0, 1, 2 bzw. 4 m Abstand aufweist. Im 
letzten Fall erhalt man iiberhaupt keine Abweichung 
gegeniiber der idealen Verbesserung. 


e thorel4 


(22) 


01 02 04 08 16 32 kHz 
f 


Abb. 2. Frequenzgang der Verbesserung eines schwimmend 
verlegten Asphaltestrichs ohne Briicke (strichpunk- 
tiert) bzw. mit 1 cm? groBer Briicke in verschiedenen 
Abstanden ohne (gestrichelt) und mit (ausgezogen) 
Beriicksichtigung des Verlustfaktors. 


Bei der Luftschalldammung spielt der Ort der 
Briicke keine Rolle, da hier die ganze Wand durch 
den Luftschalldruck py vor der Wand zu erzwun- 
genen Biegewellen erregt wird. Wiirde der Schall 
unmittelbar unter dem Einfallswinkel 0) auf die 
zweite Platte auftreffen, so wiirde sich unter der 
Annahme, da auch sie eine hohe Grenzfrequenz 
aufweist [5], ergeben: 


Po Cos Jy 
i WM, 
Nach Vorsetzen der ersten Platte miifte sich diese 
Amplitude ohne Briicken verringern lassen auf [6] 


vy** = 


(23) 
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(24) 


und fiir die Schnelleamplitude in der ersten Platte 

gilt dabei: 
Po cos Dy 

~~ iwm 


Us (25) 
Damit 14Bt sich auch nach (15) die Schnelle v, im 
FuBpunkt einer Briicke errechnen. 

Nun ist aber zu bedenken, daB diese Schnelle zu 
einem ganz anderen Wellenfeld gehért, das auch zu 
einer ganz anderen Abstrahlung fiihrt. Indem wir 
diesen Unterschied durch einen Strahlungsfaktor J" 
beriicksichtigen, nimmt der Ausdruck fiir die durch 
die Briicken verminderte Verbesserung der Schall- 
dammzahl R hier die Form an: 

(Vana 


mean Ne = 072° 


= 10 log {1/|(S4)+ (ze =r) |}. (26) 


Der Strahlungsfaktor ist jedenfalls eine Funktion 
der Frequenz, allgemeiner ihres Verhiltnisses zu der 
von dem hiermit verwandten Koinzidenzeffekt her 
bekannten Grenzfrequenz [5], bei welcher die Lange 
der freien Biegewelle gleich der Luftwellenlange ist: 


Og = (C2°/hg) V12 Oo/E (27) 
(c, = Schallgeschwindigkeit in Luft). 
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Obschon die quantitative Erfassung des Strah- 
lungsfaktors noch im Flu8 ist, kann man auf Grund 
der vorliegenden experimentellen Erfahrungen [7], 
[8] und theoretischen Abschatzungen [9] -- [11] 
schon heute sagen, daB er fiir w > @, nicht sehr 
verschieden von 1 ist, aber fiir @ <q, sehr viel 
kleiner werden kann. Es ist also zur Herabsetzung 
der Wirkung von Schallbriicken giinstig, wenn w, 


méglichst hoch liegt, d.h. wenn die zweite Platte — 


schwer, aber wenig steif ist. Bei tragenden Decken 


ist das kaum zu erreichen, wohl aber bei diinnen © 


Leichtbauplatten und zwar durch dieselben MaB- 
nahmen, die zur Vermeidung des Koinzidenz- 
effektes dienen, also beispielsweise durch Rillung 
der Platten [5]. 
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DER EINFLUSS DER BIEGESTEIFIGKEIT AUF DIE SCHALLDAMMUNG 


VON DOPPELWANDEN *) 


von K. GO6sELE 
Institut fiir Technische Physik, Stuttgart 


Zusammenfassung. Doppelwdnde aus diinnen Wandschalen weisen haufig eine gréBere Schall- 
dammung auf als Doppelwande aus dicken, steifen Schalen, obwohl diese Wande um ein Mehr- 
faches schwerer sind als die erstgenannten. Das giinstige Verhalten der Wande mit diinnen Schalen 
ist auf die geringe Schallabstrahlung des tibertragenen K6rperschalls unterhalb der Grenzfrequenz 
der Wandschale zuriickzufiihren. Zwei Beispiele fiir zweckmaBig ausgeftihrte schalldammende Leicht- 
wande werden mitgeteilt. 


Summary. Double walls of thin leaves frequently give better sound insulation than those with 
thick stiff leaves, although the latter are much heavier. The most advantageous property of walls 
with thin leaves is to be ascribed to the small radiation of structureborne sound below the critical 
frequency of the leaf. Two practical examples are given of designed sound-insulating lightweight 
partitions. 


Sommaire. Il arrive souvent que des parois doubles en feuilles minces produisent un plus 
grand isolement sonore que des parois doubles en feuilles épaisses et rigides, bien que celles-ci soient 
bien plus lourdes que les premiéres. Cette qualité des parois a feuilles minces est due au faible rayon- 
nement acoustique au-dessous de la fréquence limite de la feuille. On donne deux exemples de 
réalisation appropriée de parois légéres isolantes. 


1. Vergleich von Wanden mit verschieden 
steifen Schalen 
Untersucht man im Laboratorium die Luftschall- 
dammung von Doppelwanden aus verschieden 


dicken und damit verschieden steifen Wandschalen, 
dann stellt man fest, daB die Dammung durchaus 
nicht mit der zunehmenden Masse der Wande (je 
Flaicheneinheit) gréBer wird, sondern haufig ab- 


*) Diese Untersuchungen sind im Auftrag der Forschungsgemeinschaft Bauen und Wohnen in Stuttgart durchgefiihrt worden. 
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nimmt. Es wurde einmal eine Doppelwand aus 
1,2 cm Gipsplatten (sogen. Rigipsplatten), zum 
anderen aus 8 cm Gipsplatten (mit eingelegten Holz- 
wolleplatten) untersucht. Die erstgenannte Doppel- 
wand hatte ein Flachengewicht von 22 kg/m’, die 
zweite ein solches von 140 kg/m?. Beide Wande 
waren in die 2,5 m xX 3 m groBe Offnung einer 
Wand aus 25 cm Vollziegeln eingebaut, die die eine 
Schale einer Doppelwand zwischen zwei Hall- 
raumen bildete. Die Schalldammung der schweren 
Wand war, wie die Abb. 1b und 2b zeigen, zwischen 
300 und 2000 Hz kleiner als die der leichten Doppel- 
wand. Beide Doppelwande sind zwar deutlich besser 
als die entsprechenden einschaligen Wande der 
halben Masse (Kurven a). 


2002 2 6 6 810%H7 2 4 
—= Frequenz 
Abb. 1. Schalldammung einer Doppelwand aus 1,2 cm 
Gipsplatten. , 
a) eine Schale (10 kg/m”); b) Doppelwand (22 
kg/m?). 


Die naheliegende Frage ist zunachst, ob die 
relativ groBe Schalliibertragung bei der schweren 
Wand tiber die Luftschicht oder als Kérperschall 
tiber die gemeinsame Einspannung erfolgt. Dazu 
wurde diese Wand so aufgebaut, daB die beiden 
Wandschalen in kérperschallmaBig getrennte Mauer- 
offnungen eingebaut wurden (siehe Abb. 2c). Bei 
sonst gleichem Aufbau ergibt sich nun eine erhdhte 
Dammung (siehe Kurve c in Abb. 2). 

Die Schalliibertragung erfolgt somit iiber die ge- 
meinsame Einspannung. Die Schwingungsampli- 
tuden der Wandschalen auf der leisen Seite der 
beiden Doppelwande (Abb. 1b und 2b) ergaben sich 
bei der Messung als ungefahr gleich groB. Der Unter- 
schied in der Dammung kann deshalb nur auf das 
verschiedenartige Abstrahlverhalten der Schalen 
zuriickzufiihren sein. 

Fiir den Nachweis soll ein Abstrahlfaktor s ein- 
gefiihrt werden ') (siehe auch [5]). 


1) Dieses so definierte s entspricht bis auf einen Faktor 
2 dem ,,coefficient de rayonnement’”’ von BRILLouIN [3]. 
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ie N 
eecousS: 2 
wobei bedeuten: 
N = in den ,,leisen’’ Raum abgestrahlte Schall- 
Leistung der Doppelwand, 
o = Luftdichte, 
c = Schallgeschwindigkeit in Luft, 
v = Schnelleamplitude der Biegeschwingungen 
der Wandschale, 
S = Flache der Wandschale. 


(WUT 


107 12 6 6 8 107H7 2 4 
—— Frequenz 
Abb. 2. Schalldammung einer Doppelwand aus 8 cm Gips- 
platten. 


a) eine Schale (70 kg/m?); b) Doppelwand, gemein- 
same Einspannung der Wandschalen; c) Doppel- 
wand, Wandschalen in getrennten Rahmen (K6rper- 
schalliibertragung unterbunden). 


Dabei ist die tatsachlich abgestrahlte Leistung NV 
in Beziehung gesetzt zu der Abstrahlung eines gleich 
groBen Flachenstiicks innerhalb einer unendlich 
groBen Flache, deren Flachenelemente konphas 
schwingen und zwar mit derselben Amplitude und 
Frequenz wie die betrachtete Doppelwandschale. 

Abb. 3 zeigt den Abstrahlfaktor s, in logarith- 
mischem MaB, fiir die beiden untersuchten Doppel- 
wande. Fiir die 8 cm Gipsplatten ergibt sich ober- 
halb 300 Hz ein Abstrahlfaktor von 1 bis 1,6, 
wahrend die 1,2 cm Gipsplatten unterhalb 2000 Hz 
einen Wert von rund 1/100 bis 1/10 aufweisen, 
Entsprechend den Ergebnissen von CREMER [2], 
BRILLOUIN [3] und G6sELE [4] zeigen die Wand- 
schalen unterhalb ihrer Grenzfrequenz f,, eine 
anomal niedrige Schallabstrahlung, wahrend dariiber 
die Abstrahlung nahezu der einer konphas schwin- 
genden Platte entspricht. Bei den Werten der Abb. 3 
ist zu beachten, daB die Schwingungen der Wand- 
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schalen sich teils aus freien (durch K6rperschall- 
Ubertragung), teils aus erzwungenen (durch Luft- 
schall-Ubertragung) Biegeschwingungen zusammen- 
setzen. Die gemessenen Werte stellen somit nicht das 
Abstrahlverhalten fiir freie Biegewellen dar. Infolge 
der héher liegenden Grenzfrequenz der 1,2 cm 
dicken Gipsplatten ist deren Abstrahlung im haupt- 
sachlichen Frequenzbereich wesentlich geringer als 
die der steiferen 8 cm Gipsplatten. Darauf ist in 
erster Linie die bessere Dammwirkung der leichten 
gegentiber der schweren Doppelwand Zuriickzu- 
fiihren. 1048 


6 8 10% He 2 ‘ 
—— Frequenz 
Abb. 3. Abstrahlfaktor der Wandschalen von Abb. 1b (Kurve 
1) und Abb. 2b (Kurve 2). 


me ee 


2. Praktische Folgerungen 


Will man die Schalldammung von leichten Dop- 
pelwanden, die eine gemeinsame Einspannung ha- 
ben, vergréBern, so sollte die Masse (je Flachen- 
einheit) der Wandschalen erhdht werden. Damit ist 
jedoch im allgemeinen eine erhdhte Biegesteifigkeit 
und eine Erniedrigung der Grenzfrequenz verbun- 
den. Die Abstrahlung des iibertragenen Kérper- 
schalls wird dadurch erhéht, wodurch die gewiinsch- 
te Wirkung in ihr Gegenteil verkehrt wird. Anzu- 


Holzwolleplatten — Pulz 


—— Frequenz 


Abb. 4. Verbesserung einer Leichtwand aus Porenbeton 
durch eine zweite vorgesetzte Schale. 
a) zweite Schale aus 7,5 cm Porenbeton; b) zweite 
Schale aus Holzwolle-Leichtbauplatten. 
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streben ist eine Erniedrigung der Steifigkeit (z.B. 
Einsagen von Rillen [1]). | 
Eine andere Méglichkeit besteht darin, die beiden 
Wandschalen verschieden auszufiihren, und zwar 
die eine relativ schwer, die andere dagegen diinn 
und mit entsprechend hoher Grenzfrequenz. Die 
Abb. 4 und 5 zeigen zwei Beispiele, wie eine diinne, 
biegeweiche Wandschale an einer steiferen Wand- 
schale befestigt werden kann. Im einen Fall (Abb. 4) 
ist eine zweite Schale aus 5 cm Holzwolle-Leicht- 
bauplatten vor der zu verbessernden Wand aufge-— 
baut, wobei die Holzwolleplatten mit einzelnen 
Nageln iiber eine weiche Zwischenschicht an der 
Wand befestigt sind. Im zweiten Fall (Abb. 5, Kurve 


Ly 8cm Gipsplatten 3cm Steinwolleplatten 


6 e072 «4 
Frequenz 
Abb. 5. Verbesserung einer Leichtwand durch eine Putz- 
schale auf 3 cm Steinwolleplatten. 
a) mit Putzschale; b) Einfachwand ohne Putzschale. 


Oi tases 


a) ist ein Drahtgewebe als Putztrager tiber 3 cm 
dicke Steinwolleplatten an der zu verbessernden 
Wand (Kurve b) mit einzelnen Nageln befestigt und 
verputzt. Der Abstrahlfaktor s fiir diese Wand- 
schalen ist in Abb. 6 angegeben. Trotz einer zusatz- 
lichen Kérperschall-Ubertragung iiber einzelne Na- 
gel zwischen den beiden Schalen ist die Verbesserung 
der Schalldimmung in beiden Fallen gut. 


Abb. 6. Abstrahlfaktor der diinnen Wandschalen von Abb. 
4b (Kurve 4) und Abb. 5a (Kurve 5), 
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ETUDE THEORIQUE ET EXPERIMENTALE DES PAROIS MINCES ET 
APPLICATION AU TRAITEMENT ACOUSTIQUE DES FUSELAGES D’AVION 


par M. Koprynsxki, A. NEYRON et J. BRILLOUIN 
Office National d’Etudes et des Recherches Aéronautiques, Paris 


Sommaire. Etude de structures légéres utilisées en construction aéronautique, constituées de 
matériaux poreux, associés 4 des membranes plastiques, couplées au revétement métallique. On 
montre que l’affaiblissement aux fréquences aigués est trés supérieur 4 celui donné par la loi de 
masse. On décrit l’installation de mesure donnant directement la courbe de transparence acoustique, 
et on expose une méthode approchée de calculs de la réduction additive des niveaux sonores dans une 
cabine d’avion. 


Zusammenfassung. Es werden aus pordsen Materialien bestehende leichte Strukturen fiir Flug- 
zeugkonstruktionen untersucht, die auf Kunststoffplatten angebracht und hiermit an metalli- 
schen Verkleidungen befestigt sind. Es wird gezeigt, daB die Dammung bei hohen Frequenzen 
erheblich héher ist als es nach dem ,,Massengesetz’”’ zu erwarten ware. Es wird die MeRanordnung 
beschrieben, die direkt die akustische DurchlaBkurve ergibt und es wird eine Naherungsmethode 
angegeben, die dadurch verursachte zusatzliche Herabsetzung des Schalldruckpegels in einer Flug- 
zeugkabine zu berechnen. 


Summary. Light structures for aircraft construction are studied. They consist of porous materials 
associated with plastic sheets joined to the metallic skin. The insulation at high frequencies is shown to 
be very superior to that given by the mass law. The experimental equipment is described. It gives 
directly the curve of acoustic transmission. An approximate method is given for the calculation of 


the additional decrease of sound level in an aircraft cabin. 


Les structures utilisées pour insonoriser les ca- 
bines d’avions sont constituées par des couplages”’ 
composées de matériaux poreux tels que feutres de 
verre, Kapok ignifugé etc... associés 4 des mem- 
branes imperméables en amiante, résines polyviny- 
liques et autres. 

Les limitations sévéres de la surcharge de I’avion, 
(le poids global de l’insonorisation ne devant excéder 
4 45 kg par passager) rendent particuli¢rement 
nécessaire la mesure en laboratoire du coefficient 
de transmission et du coefficient d’absorption 4 la 
réflexion des structures. 

Nous présentons quelques structures types, dont 
le coefficient de transmission exprimé sous sa forme 
usuelle d’affaiblissement en dB, au dessous du 
niveau de l’énergie incidente a été mesuré en fonc- 
tion continue de la fréquence (0,05 --- 10 kHz) pour 
des couplages d’une épaisseur globale de 70 mm. 

La surcharge a été rendue variable depuis 0,360 kg 
jusqu’a 1,460 kg par métre carré. Les résultats des 
mesures ainsi que la composition des structures sont 
visibles sur les figures ci-dessous. 

La Figure 1 indique la transmission acoustique 
d’une plaque plane en duralumin dont la masse par 
unité de surface est de 2,8 kg/m?. Son affaiblisse- 
ment calculé d’aprés la relation connue 


I = 10 log [1 + (wm/oc)?] 
est également donné sur la méme figure. 

L’accord est trés satisfaisant pour les fréquences 
supérieures 4 1000 Hz. L’accord est excellent au 
dessus des fréquences principales de résonance de 
la paroi. 
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Fig. 1. Transmission acoustiqie d’une plaque plane de 
duralumin densité 2,8 kg/m?. 


Les figures suivantes se rapportent 4 la méme 
plaque couplée avec des matériaux insonorisants. 

On sait que le confort acoustique des cabines 
d’avions dépend du niveau de bruit de masque, des 
fréquences de la parole. C’est pourquoi nous classons 
les structures pour 3000 Hz (Figs. 2, 3 et 4): 


0 oT 


60 


Affaiblissement ~—— 


goa 
50 10? ? 


4 68”) 2 
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4 6 8 10*H2 


Fig. 2. Transmission acoustique d’une cloison: plaque dural 
plus intervalle d’air plus feutre fibre de verre super- 
fine — surcharge 0,36 kg/m? (en plus du poids de 
la téle). 
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Affaiblissement -—— 
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Fig. 3. Comme Fig. 2 — Addition d’une membrane poly- 
vinylique dans l’épaisseur du feutre. Surcharge 0,91 
kg/m?. 


Structure 1, surcharge 0,360 kg/m?, gain par 
rapport 4 la loi de la masse, approximativement 
20 dB; structure 2, surcharge 0,910 kg/m?, gain de 
l’ordre de 30 dB; structure 3, surcharge 1,46 kg/m’, 
gain de l’ordre de 35 dB. 

Les parois légéres deviennent particuliérement 
efficaces pour la réduction des fréquences moyennes 
et hautes de bruit, lorsque les matériaux poreux 
sont associés 4 une membrane imperméable. L’ad- 
jonction d’une seconde membrane ne conduit pas 
a une réduction économique” du bruit. 

Il est approximativement possible de calculer la 
réduction additive des niveaux sonores résultant de 
l’insonorisation des cabines d’avion a partir des 
mesures en laboratoires des deux paramétres spéci- 
fiques des structures sélectionnées. 
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Fig. 4. Comme Fig. 2 — Addition de deux membranes 
espacées de 12 mm. Surcharge 1,46 kg/m’. 


La théorie élémentaire conduit a l’expression de 
l’isolement phonique d’une enceinte fermée entourée 
d’un champ sonore isotrope et homogéne qui est: 


1 
10 log ———_—__,—__ 
Stintmes 
t étant le coefficient de transmission, r et a respecti- 


vement les coefficients de réflexion et d’absorption 
de lintérieur. 


I= = 10 log —, 
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Le niveau sonore peut étre réduit en appli- 


quant des matériaux insonores 4 l’intérieur. En tenant 
compte du fait que les différentes parties de l’in- 


térieur peuvent avoir des coefficients différents et 


en appelant les nouvelles valeurs des coefficients 1’ 
et a’, on calcule pour la réduction additive, résultant 
du revétement, 
Ina = 10 log cod =o (1) 
i, LST; 
Bien qu’a l’extérieur du fuselage d’un avion, le 
champ acoustique soit hétérogéne le calcul de la 


réduction additive des niveaux sonores dans la cabine — 


est approximativement. possible par la formule: 
XS ,a', XS ,T; Pon (2) 
aS,a; 28,7; | E@) 
E'(w) étant l’énergie sonore absorbée au cours de sa 
propagation longitudinale dans la cabine insonorisée 
depuis la zone de densité spectrale énergétique maxi- 
mum (cone d’échappement des réacteurs, plan des 
hélices), E(w) l’énergie absorbée dans la cabine nue 
et r la distance en métres de cette zone au point 
d’ observation. 

La figure 5 indique l’exemple d’application du 
calcul conduit d’aprés (2) dans le cas d’un biréacteur 
de transport des passagers. 


Iza = 10 log 


s 


s 


Niveau en dB réf. 2-10°°Nim2 
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75 150 300 600 1200 2400 
150 300 600 1200 .2400 4800 174800 
—— Octaves de fréquences en Hz 
Fig. 5. Niveaux sonores dans une cabine de passagers 
(extrémité arriére) palier a l’altitude 3 200 m. Poussée 
700 kg par réacteur. 
1) Avant insonorisation. 
2 et 2’) Limites calculées des niveaux de bruit aprés 
traitement acoustique. 
3) Niveaux sonores mesurés aprés traitement. 


f<75 


La courbe 1 donne les niveaux sonores en vol 
dans la cabine nue, les courbes 2 et 2’ les limites 
calculées de la réduction additive des niveaux sonores 
résultant de l’insonorisation de la cabine. La courbe 
3 qui indique les niveaux sonores mesurés est en 
bon accord avec les prédictions du calcul. 

L’installation pour la mesure du coefficient de 
transmission des structures réalisée en notre labora- 
toire est constituée essentiellement par une cabine 
totalement absorbante dont la face avant est percée 
par une baie de 1 m par 1 m et de 0,25 m de profon- 
deur. L’échantillon a l'étude est serré dans la baie 
grace 4 la compression de ressorts 4 lames obtenue 
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par la fermeture d’un cadre rigide 4 deux battants 
(Fig. 6 et 7). 

La source sonore est constituée par l’associa- 
tion d’une batterie de haut-parleurs et d’un iono- 
phone. Deux microphones de mesure (électrostati- 
ques) sont fixés sur des supports orientables de part 
et d’autre de la structure. Les deux tensions micro- 
phoniques subissent chacune une transformation 
_ logarithmique et sont appliquées 4 chaque plaque 

déflectrice d’un tube cathodique. Le balayage est 

effectué en fonction du logarithme de la fréquence 
d’essai. 

L’appareil d’enregistrement indique donc directe- 
ment la courbe de variation de la transmission 
acoustique en décibels donnée par: 


La sensibilité de l’appareil permet de déceler des 
différences de niveaux en fonction de la fréquence 


Fig. 6. Vue de la cabine absorbante montrant le microphone 
fixé sur le cadre orientable et le dispositif de serrage 
de l’échantillon par cadre 4 ressorts comprimés. 
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atteignant 100 dB. L’erreur instrumentale est in- 
férieure 4 + 2dB. La durée d’enregistrement est 
une minute. 


Fig. 7. Face avant de la cabine — montage d’un hublot — 
batterie de haut-parleurs avec ionophone au centre. 


Dans un ordre de technique différent, M. Brit- 
LOUIN, a effectué, 4 la demande d’un organisme 


» 


officiel, des mesures de transmission 4 travers des 
cloisons démontables. 

Les essais ont donné un affaiblissement moyen 
de l’ordre de 20 dB aux trés basses fréquences, 
25 dB aux moyennes et 30 dB aux aigués. 


Discussion 


KIRSCHNER, F.: a) Vous avez exploré le champ acoustique 
par un microphone qui avait trois degrés de liberté. Les 
valeurs données dans les graphiques sont-elles des valeurs 
moyennes ? 

b) Ou bien faut-il en déduire que les ondes sont planes 
aprés avoir traversé les différents échantillons? 

CoNFERENCIER: a) Ces valeurs sont des valeurs exactes. 

b) Oui, les ondes restent sensiblement planes. 


SOME FUNDAMENTAL MEASUREMENTS ON SINGLE 
AND DOUBLE PLATE STRUCTURES 


by V. M. A. PEutz 
Laboratory for Technical Physics, Technological University, Delft, Netherlands 


Summary. Measurements on the transmission loss of plates of wood, lead, rubber and aluminium 
in a reverberant sound field are discussed. In agreement with the results of LoNDON a.o. a rather 
high insulation is found for the low frequencies. The transmission loss of a double wall is compared 
with that of the corresponding single wall. 


Sommaire. On donne les résultats de mesures de l’isolement acoustique de panneaux de bois, 
de plomb, de caoutchouc et d’aluminium; les mesures ont été faites dans un champ sonore réver- 
bérant. On trouve en accord avec les résultats de LONDON e.a. une assez grande valeur de l’isolement 
acoustique aux basses fréquences. On compare aussi l’isolement d’une paroi double et celui de la 
paroi simple correspondante. 


Zusammenfassung. Es werden Messungen der Schalldammzahl von Platten aus Holz, Blei, 
Gummi und Aluminium diskutiert. In Ubereinstimmung mit den Ergebnissen von LONDON u.a. 
fand man eine verhaltnismaBig groBe Isolation fiir tiefe Frequenzen. Die Schalldammung einer 
Doppelwand wird mit der einer entsprechenden einfachen Wand verglichen. 
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A brief account of the results of some measure- 
ments and of theoretical considerations concerning 
single and double plate structures is presented. 


1. Single plates 


There are as yet only a few published results of 
insulation measurements on thin plates and these 
are not in good agreement with theory. 

Fig. 1 gives results of A. Lonpon [1] and of 
the T.P.D.*) (unpublished). At low frequencies 
the transmission loss is above that predicted by 
mass law, and has a minimum at circa 200 c/s. 


3008 


NR 
SS 


—= Transmission loss 


6400 cls 


Frequency 
Fig. 1. The transmission loss versus frequency. 
(1) 12.7 mm plywood (Lonpon [1]); 
(2) 12.7 mm plywood + 0.4 mm aluminium (Lon- 
Don [1]; 
(3) 6 mm plywood 3.6 kg/m? (T.P.D. unpublished); 
(4) 0.4 mm aluminium (Lonpon [1)). 


At high frequencies there is neither agreement 
with theory, nor between the various results. Only 
the curve for 0.4 mm aluminium given by LONDON 
follows the mass law for random incidence at the 
higher frequencies in lying almost 6 dB below the 
calculated curve for normal incidence (see KosTEN 
Fig. 1, p. 264), the slope being ca. 5.5 dB/octave. 

On account of leakages, of clamping difficulties 
and of the properties of the reverberant rooms such 
as distribution of absorption material etc., it is 
difficult to get reproducible and reliable measure- 
ments and the true corrections for those measure- 
ments. 

In order to correct the results of our measure- 
ments we adopted first the usual method in which 
the correction follows from the reverberation time 
of the receiving reverberant room. It was found, 
however, that referring to the transmission loss 
measured between the two reverberant rooms when 
there was no wall between them, the case of ’’zero 


*) Technical Physics Department T.N.O. and T.H. Delft. 
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insulation”, gave better results. Only then we got 
reproducible values for the transmission loss of the 
plates independent of the distribution of the ab- 


‘ sorption as well as of the dimensions of the rever- 


berant rooms. Measurements on plates of lead, rub- 
ber, aluminium and plywood will be described 
(Fig. 2 -*- 6). 
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Fig. 2. The transmission loss versus frequency for lead 25 
kg/m?*; the dotted line gives the transmission loss as 
predicted by the mass law for normal incidence. 
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Fig. 5. As Fig. 2; plywood 2.7 kg/m*. 
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Fig. 6. As Fig. 2; plywood 1.8 kg/m?. 


We always find the same general features (Fig. 7). 
Above a certain frequency, usually ca. 800 c/s, the 
curve of the transmission loss versus frequency 
agrees with theory for random incident noise up to 
80 to 83 degrees. The curve lies about 6 dB below 
the mass law curve for normal incidence, the slope 
being ca. 5.5 to 6 dB/octave. 


_—— Transmission loss 


——= Frequency 


Fig. 7. General features of the transmission loss versus fre- 
quency; the dotted line gives the transmission loss 
as predicted by the mass law for sound incident at 
angles up to ca. 80°. 


Below the mentioned frequency the transmission 
loss is greater than that expected on theoretical 
grounds. Down to 200 c/s this improvement depends 
on the material, being greatest with aluminium and 
smallest with rubber. The lower the frequency is 
the smaller the transmission loss and at 200 c/s there 
is a minimum in the transmission loss. From there 
the transmission loss rises again until a maximum 
is reached at 100 c/s, followed by a rapid fall. This 
maximum at 100 c/s and the minimum at 200 c/s 
were found to be independent of the material; they 
also occur at the same frequencies in the curves of 
Lonpon and of the T.P.D. 

A heavy mass placed at the centre on the wall, 
which was tested in a horizontal position, did in- 
fluence this maximum and minimum. We see a 
similar displacement of the maximum and minimum 
to higher frequencies in the results obtained by 
the T.P.D., where an extra stud was used (Fig. 8). 

It is not possible to explain the insulation im- 
provement merely with the aid of the equation of 
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motion of the wall. Even if in addition we take into 
account the tension of the plate and the higher 
order terms, we do not find — at least not above 
ca. 50 c/s — at the intensities used measurable non- 
linear phenomena that could explain the high trans- 
mission loss at low frequencies. 
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Fig. 8. Influence of extra support. 
(1) 5 mm plywood; 
(2) idem with mass placed at the centre; 
(3) 6 mm plywood (T.P.D. unpublished); 
(4) idem with support (T.P.D. unpublished). 
(The differences between 3 and 4 at high fre- 
quencies are due to leakages.) 


So far we did not take into account that the walls 
have finite dimensions. One might expect indeed 
an abnormal transmission loss at the low frequencies 
due to this fact but only, as ScHocH has shown (see 
p. 266), in the neighbourhood of the furidamental 
resonance frequency. In our case the highest funda- 
mental resonance frequency was approx. 30 c/s and 
generally it is even much lower, so that the finite 
dimensions cannot explain the higher transmission 
loss measured. 

We cannot explain the low-frequency improve- 
ment of the transmission loss from the natural fre- 
quencies of the reverberant rooms either, since the 
improvement occurs independent of the room size 
(Fig. 1). Nor did we find any indication of standing 
waves in our reverberant rooms, which is to be 
expected of course when white noise is used, as 
it was in fact. 


2. Double plates 


The behaviour of a double wall in a random 
incident sound field is not fully understood either. 
We will give here some results of a theory that 
will be published shortly. 

The transmission loss of a double wall can be 
calculated from the impedances Z, and Z, of the 
two constituent single walls. 

Let 


Hb, 
had Ral 


o 
Ke | 0S 6, 


6 = angle of incidence of the oblique plane wave, 
d = thickness of air space. 
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Then we have for the energy transmission ratio Tg, 
k,d being small, 
Tg = ¢a°| D, + D,|? 
where od~ DD; 


a= lies . 


We see that the transmission ratio of the double 
wall differs by the factor a? from that of the corres- 
ponding single wall, i.e. the double wall with an 
airspace d= 0. The resulting impedance is then 
Z, + 2, the value for D being D, + D,. The in- 
sulation of the corresponding single wall will there- 
fore be equal to that of a single wall with an impe- 
dance (Z, + Z,). 

We will now examine a?, For resonance a will 
have a minimum. We will confine ourselves here 
to two equal walls with a pure mass impedance; 
then we have resonance if 


$0 ae Cos" 0 =="1), 
whence 
Dn res = WO res COS Osea 
where W, 7; is the angular resonance frequency for 
normal incidence, wg,,., the same for an angle of 
incidence 0. 
For resonance the value of a is a minimum: 


ec gc 
Ores M COSA Wyres mM’ 


Ares = 


which is thus independent of 6 and w. 
Now we can write: 


cos @ \2 
wl Bt 


We see that for increasing 0,,, the resonance be- 
comes sharper, and the overall value of a? beyond 
resonance greater. 

Taking all this into account and computing the 
transmission loss for random incident noise we find 


cos 9 )’ 


( 
a POE Wiss 
ret cos Ge 


\ 
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that the infinite double wall certainly has a higher 
transmission loss than the corresponding single wall 
for frequencies above wm = 8 Wn res. 

It would be advantageous to develop constructions 
in such a way that this dip falls within the frequency 
range where single walls have their unexplained low- 
frequency maximum, thus providing a better in- 
sulation characteristic. 

In case the two walls are not equal we get similar 
formulae with almost the same conclusions. 


Our measurements are in quite good agreement 
with theory (Fig. 9):.Above resonance at normal 
incidence the transmission loss remains for 1 to 1.5 
octave below that of the corresponding single wall, 
as was to be expected. 


4608 


Double wall, 4.5 kg/m? 


——— Transmission loss 
fs 


Fig. 9. Transmission loss versus frequency of double wall 
(4.5 kg/m?), 
d= 15 mm, m, = 1.8 kg/m*, m, = 2.7 kg/m. 
(1) double wall; 
(2) idem, with rockwool at the edges; 
(3) computed corresponding single wall. 
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ISOLEMENT PHONIQUE DE QUELQUES STRUCTURES LEGERES 


par J. PujoLLe et R. LAMORAL 
Radiodiffusion-Télévision Francaise, Paris 


Sommaire. Les auteurs ont étudié quelques types de structures légéres d’un poids maximum de 
15 kg/m*. Les échantillons étaient de 2 m* environ. Pour une paroi simple il a été trouvé des isole- 
ments différant sensiblement de la loi de masse. Pour des structures complexes, d’importantes amélio- 
rations ont été notées, qu’il s’agisse de structures 4 base de duralumin, bois compressé¢, ou de laine 
de roche. Un mode de fixation entitrement élastique a été utilisé. 


Zusammenfassung. Die Autoren haben einige Typen von leichten Wanden vom Maximalgewicht 
15 kg/m? untersucht. Die Proben hatten eine GréBe von etwa 2 m’*. Fiir die einfache Wand fand man 
Isolationen, die dem Massengesetz nicht entsprechen. Fiir zusammengesetzte Strukturen aus Dur- 
alumin, PreBspanplatten oder Steinwolle ergaben sich wichtige Verbesserungen. Eine véllig elastische 
Befestigungsart wurde verwendet. 


Summary. Different types of lightweight structures have been studied; the maximum mass was 
15 kg/m*, while the area of samples was about 2 m*. For a simple wall the authors obtained results 
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differing somewhat from the mass law. For complex structures, considerable improvements were 
noticed; basic materials were mainly dural, compressed wood and rockwool. These structures were 


fixed elastically and each element independently. 


1. Introduction 


Le but recherché dans les études dont nous 
décrivons ici le commencement est de trouver des 
éléments légers composites qui puissent constituer 
soit des portes acoustiques qui donnent un bon 
isolement sans étre trop lourdes, soit des cloisons 
légéres amovibles sans trop de difficultés. Nous nous 
sommes donc fixés 15 kg/m? comme poids maximum 
de chacun de ces éléments, ce qui correspond a un 
poids maximum de 50 kg par métre linéaire de 
cloison, sur toute une hauteur d’étage. Ce poids 
ne rend pas les éléments trop lourds au point de ne 
pouvoir étre maniés qu’avec difficulté quand on veut 
déplacer une cloison. 

La loi de masse appliquée 4 un tel élément ne 
donnait guére plus d’une trentaine de dB pour 
l’isolement 4 500 Hz et une vingtaine 4 100 Hz. Il 
fallait gagner de 15 4 20 dB sur ces derniéres valeurs 
pour obtenir un isolement convenable par l’emploi 
d’éléments composites. 

L’étude a donc porté sur le meilleur choix de ces 
éléments, leurs meilleures dispositions respectives 
et leur meilleur mode d’accrochage. 


2. Méthode de mesure et appareillage utilisé 


Les structures essayées étaient placées dans une 
ouverture de 2,12 m de haut, sur 0,88 m de large, 
dimensions voisines de celles d’une porte, mais 
malheureusement un peu trop petites pour un 
élément de cloison. Le panneau séparait 2 chambres 
de 60 m® environ. Dans I’une la source était consti- 
tuée par 2 haut-parleurs alimentés par un générateur 
B.F. 4 compression donnant un son de fréquence 
modulée 4 + 35 Hz a la vitesse de 4 cycles par 
seconde. Un micro 4 bobine mobile était placé dans 
cette chambre prés du panneau. Dans la chambre 
de réception un micro du méme type recueillait le 
son et l’envoyait sur un enregistreur de niveau 
rapide. Un systéme de commutation rapide permet- 
tait de passer continuellement d’un micro 4 l'autre 
pour attaquer l’enregistreur. Les mesures étaient 
faites aux fréquences normalisées suivantes: 100, 
125, 160 Hz et leurs doubles successifs jusqu’a 
3200 Hz. 

Nous ne donnerons pas ici les valeurs obtenues 
pour l’isolement a toutes ces fréquences, ce qui 
aurait alourdi l’exposé, mais seulement les valeurs 
moyennes pour 3 groupes de fréquences: 

1) Le groupe 100, 125, 160, 200, 250, 320 Hz, que 
nous appellerons les basses, 


2) le groupe 400, 500, 640, 800, 1000, 1250 Hz, 
que nous appellerons les médiums, 

3) le groupe 1600, 2000, 2500, 3200 Hz, que nous 
appellerons les aigués. 


Au début de toute série de mesures, le micro 
source et le micro réception étaient placés cdte A 
céte et les chaines d’amplification réglées de telle 
sorte que les niveaux d’inscription sur l’enregistreur 
soient les mémes. Comme ceci ne pouvait étre obtenu 
pour toutes les fréquences, un terme correctif était 
utilisé pour chacune des fréquences ci-dessus. 


3, Matériaux utilisés 


Deux types de matériaux ont été essayés: Dural 
et fibres de bois compressées, type Novopan pour 
faire des cloisons soit en métal, soit en bois. 

Les éléments en Novopan avaient 16 et 25 mm 
d’épaisseur, pesant respectivement 9,1 kg et 14,75 
kg/m. 

Les éléments en Dural avaient 1,5 et 2,0 mm 
d’épaisseur, représentant des poids de 3,9 et 5,2 
kg/m. 

Le mode de fixation de ces éléments est tout a 
fait particulier. Nous rappelons qu’un panneau léger 
a pour analogie électrique une self inductance re- 
présentant la masse en série avec une capacité repré- 
sentant l’élasticité. IL se trouve malheureusement 
que ce circuit a une résonance a une fréquence 
située dans les basses, qui a pour valeur 
LEAVES 
yo Vane 


fo 


, 


K étant la raideur et m la masse unitaire du panneau. 

Pour cette fréquence la valeur de l’isolement passe 
par un minimum, parfois trés faible. Nous avons 
pensé qu'il fallait essayer de rejeter cette résonance 
dans le z6ne des fréquences les plus basses possibles 
en augmentant la capacité, donc en diminuant la 
raideur du panneau. Celui-ci a été monté le plus 
souple possible, en tapissant de caoutchouc l’enca- 
drement intérieur de l’ouverture et en revétant les 
bords du panneau d’un matériau trés élastique, le 
Klegecell mou. Chaque élément tenait simplement 
par frottement d’une substance élastique sur l’autre. 

Les isolements obtenus dans ces conditions sont 
bons aux basses et médiums, moins bons aux aigués. 
Ce dernier affaiblissement semble di a une étan- 
chéité qui ne peut étre parfaite, vu le mode de 
fixation utilisé. 

Les isolements sont représentés par les courbes 
de la Fig. 1 pour les panneaux simples de Novopan, 
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Fig. 1. Isolement théorique (loi de masse) et expérimental 


de deux types de panneaux simples. Son réverbérant. 
(a) Novopan 16 mm, théorique; 

(a’) id. » expérimental; 

(b) Novopan 25 mm, théorique; 

(b’) id. » expérimental. 


et celles de la Fig. 2 pour les panneaux simples de 
Dural. 

Les isolements qu’aurait donné la loi de masse 
sont représentés sur les mémes figures par deux 
droites. La formule employée est celle de Lonpon, 
puisque nous nous trouvions toujours en milieu 


réverbérant. 
2 


a 
Dig 10 log a + a)” 


wm/2 ec, 
masse par unité de surface du matériau, 
= pulsation de fréquence, 


= Vitesse dus son, | 06 = 420 unités WIS 


fo} 
omega ™ 
I 


——— Fréquence 


Fig. 2. Isolement de deux types de panneaux simples. 
(a) Dural 1,5 mm, théorique; 
(a’) id. » expérimental; 
(b) Dural 2,0 mm, théorique; 
(b’) id. » expérimental. 


Nous avons volontairement donné les valeurs de 
l'isolement sonore normalisé: 
D, = L, — L, + 10 log T/0,5, 
qui correspondent aux valeurs utilisées dans la prati- 
que entre deux bureaux normalement meublés. Notre 


terme correctif 10 log 7/0,5 variait entre 1,4 et 
1,8 dB. 
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4, Structures composites essayées 


1) La premiére série d’essais porte sur les élé- 
ments métalliques. Les valeurs moyennes obtenues 
pour les isolements sonores normalisés sont repré- 
sentées sur la Fig. 3. Il n’est jamais possible d’obtenir 
un bon isolement aux basses a cause de la trés grande 
légéreté des éléments, mais il est 4 remarquer que 
V'introduction de laine de verre dans l’intervalle 
donne un gain d’isolement non négligeable, surtout 
aux médiums et aigués. 


Frequences 


basses élevées 


5048 Tt 
$40 
s 
8S 
| 30 
os 
gH LI 
0? 2 6 6 810%H7 2 é 
—— fréquence 


Fig. 3. Isolement moyen pour trois bandes de fréquence des 
panneaux de Dural seuls et couplés. 
Dural 1,5 mm, seul (3,9 kg/m?*); 
Dural 2,0 mm, seul (5,2 kg/m?); 
—-—-+—-—- Dural 1,5 mm et 2,0 mm a 3 cm; 
id. avec remplissage de laine de verre. 


2) La deuxiéme série de mesures avait pour but 
de trouver une bonne structure en bois avec des 
panneaux de Novopan. Nous avons tout d’abord 
étudié l’influence de l’écartement des deux panneaux 
sur l’isolement. La distance séparant les deux élé- 
ments variaient entre 3 et 13 cm. Les résultats trou- 
vés sont représentés sur la Fig. 4. Ils montrent que 
si un faible intervalle de l’ordre de 3 cm n’apporte — 
pas beaucoup d’amélioration dans l’isolement par 
rapport au panneau le plus lourd dans les fréquences 
basses, il n’en est pas de méme aux médiums et 
aigués. 

Il faut arriver 4 un intervalle de 8 cm pour avoir 
un gain d’isolement notable dans les basses. Si la 
distance dépasse cette valeur, l’isolement croit 
évidemment, mais au point de vue pratique, il est 
couteux de prendre des valeurs trop fortes dans la 
plupart des cas. Une porte ou une cloison amovible 
de plus de 12 cm d’épaisseur deviennent chéres et 
plus difficiles 4 construire. 

Une fois la distance entre les deux éléments fixée 
4 8 cm nous avons recherché quelle était la meil- 
leure facon d’améliorer l’isolement en placant un 
troisitme matériau dans l’intervalle. 
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'Fig. 4. Isolement moyen pour trois bandes de fréquence des 
panneaux de Novopan seuls et couplés avec intervalle 
d’air variable entre eux. 

———— Novopan 16 mm, seul (9,1 kg/m’); 
Novopan 25 mm, seul (14,75 kg/m”); 
Novopan 16 mm et 25 mm a 3 cm; 
id. 4 5,5 cm; 
ida 8 cm; 

id. 4 10,5 cm; 

id. 4 13 cm. 


tHttttt+ttt+ 
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Ont été essayés: 

— un panneau de Dural de 1,5 mm; 

— de la laine de roche sous 5 cm d’épaisseur; 

— un élément composé de deux panneaux de Dural 
de 1,5 et 2,0 mm a 3 cm I’un de I’autre; 

— un tissu vinylique étanche tendu sur un cadre; 

— un tissu de verre poreux également tendu sur 
un cadre. 

Les résultats enregistrés sont indiqués par la 

Fig. 5. La plus forte amélioration dans les basses 


Frequences 
moyennes 


basses élevées 


50dB 


—— Jsolement 
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Fig. 5. Etude de deux panneaux de Novopan, un de 16 mm 
et un de 25 mm, a 8 cm (l’ensemble pesant 23,85 
kg/m?*), avec présence d’un troisi¢éme matériau dans 
l’intervalle. 

air; 

Dural 1,5 mm; 

wee laine de roche 5 cm; 

Dural 1,5 mm + Dural 2,0 mm; 

tissu vinylique; 

++++++4+4+4+4+4++ tissu de verre; 

laine de roche 5cm + tissu de verre. 
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était obtenue avec la laine de roche et ceci d’une 
facon trés marquée, puisque l’isolement atteignait 
40 dB en moyenne. 

Résultat curieux — Le tissu de verre 
avait donné un gain appréciable dans la zéne des 
médiums et des aigués. Nous avons donc, comme 
dernier essai, combiné la laine de roche et le tissu 
de verre en les placant l’un contre l’autre dans 
l’intervalle de 8 cm laissé entre les deux panneaux 
de Novopan. 

Les isolements sonores normalisés étaient alors de: 

— 41 dB dans les basses, 

— 47 dB dans les médiums, 

— 49 dB dans les aigués, valeurs tout 4 fait in- 

téressantes pour un ensemble d’éléments ne 
pesant pas plus de 25 kg/m? au total. 


3) Nous avons voulu dans une troisiéme série 
d’essais savoir ce que pouvait donner une combi- 
naison d’élément bois et d’élément métallique. Une 
plaque de Dural de 1,5 mm d’épaisseur était placée 
a5 ou 9 cm d’un panneau bois de 16 mm d’épaisseur, 
ou bien 4 3 cm d’un panneau bois de 25 mm. Les 
valeurs trouvées sont indiquées par la Fig. 6. 


Frequences 
moyennes 


basses élevées 
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Fig. 6. Combinaison d’élément bois et d’élément métallique. 
: Dural 1,5 mm, seul; 

Novopan 16 mm, seul; 
—-—-—-—- Dural 1,5 mm + Novopan 16 mm a 
9 cm; 

id.vau5. cms 

Dural 1,5 mm + Novopan 25 mm 4 
3 cm. 


L’addition d’un élément métallique améliore bien 
V’isolement aux aigués, beaucoup moins aux basses 
et aux médiums. La combinaison qui tout en étant 
la meilleur marché, semble assez efficace, est celle 
d’un panneau Dural 4 5 cm d’un panneau bois de 
16 mm. 

On peut ainsi espérer atteindre en moyenne: 

— 28 dB aux basses, 

— 40 dB aux médiums, 

— 44 dB aux aigués. 
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Aprés avoir recherché la combinaison des élé- 
ments amovibles la plus efficace, il reste 4 trouver le 
mode de fixation le plus pratique qui soit le plus 


voisin possible de celui que nous avions adopté pour ' 


nos essais. C’est le but de nos derniers essais en 
cours, qui nous l’espérons, aboutiront a trouver, 
surtout dans les basses, un isolement bien plus fort 
que celui que nous aurait donné l’application de la 
loi de masse. 


Discussion 


VocEL, Tu. M.: Je suis heureux de constater que les résultats 
obtenus par M. PujoLLe sont en bon accord avec une 
théorie que j’ai publi¢e dans le Journal de Physique en 
1947. Je voudrais également signaler qu’a la suite de ce 
travail de nombreuses vérifications expérimentales ont été 
faites au Laboratoire de Marseille par M. KosryNskI, 
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dont le rapport n’a malheureusement eu qu’une diffusion 
restreinte. 

CoNFERENCIER: Nous n’avons pas eu connaissance de ces 
travaux. 

LANSARD, R.: Les maxima et minima des courbes d’atténuation 
ne sont-ils pas dus 4 une résonance de !l’appareillage, puis- 
qu’ils coincident pour des échantillons différents (Dural 
1,5 et 2,0 mm)? 

ConFERENCIER: C’est sans doute la fréquence propre du 
panneau. 

Gavreau, V.: A-t-on utilisé des matériaux autres que la 
laine de verre? La laine de verre présente-t-elle des avan- 
tages particuliers ? 

CONFERENCIER: Nous avons utilisé la laine de verre parce que 
c'est un matériau commun, facile 4 se procurer. Mais on 
obtient des résultats absolument semblables dans le cas 
d’autres matériaux de ce type, tels que les laines minérales, 
etc... 


ZUM EINFLUSS DER SEITLICHEN BEGRENZUNG AUF DIE 
SCHALLDURCHLASSIGKEIT EINFACHER WANDE 


von A, ScHocH 
Institut fiir theoretische Physik der Universitat, Heidelberg 


Zusammenfassung. Der Schalldurchgang durch eine begrenzte Platte wird theoretisch behan- 
delt. Das Ergebnis bietet keine Erklarung der abnorm hohen Werte der Schallisolation, die bei leichten 
Wanden und tiefen Frequenzen gemessen werden. 


Summary. 


The transmission of sound through a plate with finite dimensions has been treated 


theoretically. The result does not explain the abnormally high values of sound insulation measured on 


lightweight partitions at low frequencies. 


Sommaire. 


On étudie théoriquement la transmission du son par un panneau de dimensions finies. 


Le résultat obtenu ne permet pas de rendre compte des valeurs anormales de I’isolement acoustique 
qu’on a constatées dans le cas des parois légéres et des basses fréquences. 


Da die empirische Schallisolation einfacher Wande 
mit der von CREMER [1] gegebenen Theorie des 
Schalldurchgangs durch eine unbegrenzte elastische 
Platte noch nicht befriedigend iibereinzustimmen 
scheint — vor allem findet man auch bei sehr 
leichten Wanden und sehr tiefen Frequenzen Ab- 
weichungen, und zwar gréBere Schallisolationen als 
die Theorie erwarten 1aBt [2] — liegt die Frage 
nahe, ob nicht bei begrenzten Wanden Resonanz- 
effekte mit den Eigenschwingungen der Wande eine 
Rolle spielen. Qualitativ laBt sich sagen, daB die 
Schallisolation durch die Wandbegrenzung sicher 
modifiziert wird in dem Bereich von Frequenz mal 
Plattendicke, in dem der ,,Koinzidenz-Effekt’”’ auf- 
tritt. Man kann namlich die Schwingungen einer 
begrenzten Wand betrachten als Superposition der 
»erzwungenen” Biegewelle, wie sie auf der unbe- 
grenzten Wand erregt wiirde, und von ,,freien” 
Biegewellen, die vom Rand ausgehen. Letztere geben 
im Koinzidenzbereich AnlaB zu zusatzlich abge- 
strahlten Wellen und damit zu veranderter Schall- 
isolation [3]. Unterhalb des Koinzidenzbereichs 
sollte man zunachst keine Modifikation der Schall- 


isolation gegeniiber der unbegrenzten Wand er- 
warten, da die freien Biegewellen nicht strahlen, 
wenn ihre Wellenlange kleiner als die Wellenlange 
in Luft ist. Dies ist jedoch nur so lange richtig wie 
die Ausdehnung der Wand sehr viele Wellenlangen 
in Luft betragt. Man kénnte daher vermuten, daB 
auch die zu groBe Schallisolation bei sehr tiefen 
Frequenzen durch Mitwirkung der freien Wellen 
zustande kommt. 

Um quantitative Aussagen iiber die Wirkung der 
Wandbegrenzungen zu erméglichen, wurde folgen- 
des zweidimensionales Problem behandelt: Quer in 
einem von zwei parallelen starren Wanden begrenzten 
Kanal sei eine diinne Platte der Breite a gespannt 
(Abb. 1). Von z <0 her fallen Schallwellen ein, 
deren Schalldruckamplitude p() wir als Uberlagerung 
der von RAYLEIGH eingefiihrten Rohrwellen-Grund- 
formen (,,wave guide modes’) darstellen: 


p) = S (A, elite + B,, enim) x 
m=0 


f: cos (mx/a) .. m=0,2,4... 
en V2 sin (mzx/a) fur m='1, 3/5200 (1) 
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Abb. 1. Kanal mit Querwand. 


wo A,,“, B,, die Amplituden der in + z- bzw. 
— z-Richtung laufenden Rohrwellen sind; 
ame eel ftir. fr >, O 


2)'/2 
la ies 
eRe | c 


mit w = Frequenz, 
c = Schallgeschwindigkeit in Luft. 
Jede der Teilwellen in (1) besteht aus zwei ebenen 
Wellen, deren Fortschreitrichtungen einen Winkel 
@,, mit der z-Achse bilden, der durch 


und 


mr 
sind, = i 
gegeben ist, so daB also auch k,, =k cos%,. Fiir 
z > 0 sei der Kanal reflexionsfrei abgeschlossen, so 
daB die durchgelassenen Wellen dargestellt werden 
durch 


so i 2 cos (mzx/a) 
Saas ties Ba ene or Yea “sin (max/a) ° (2) 

Die durchgelassenen Amplituden A,,) und die 
reflektierten Amplituden B,, sind mit den ein- 
fallenden A,,“!) verkniipft durch die Bewegungs- 
gleichung der Platte und die Bedingung, daB die 
Schnelle der Platte auf. beiden Seiten mit der z- 
Komponente der angrenzenden Luft iibereinstimmt. 
Die Verkniipfung fiihrt auf ein System von linearen 
Gleichungen fiir die unendlich vielen A,,%), wenn 
man die A,,(!) als gegeben betrachtet. Es ist bemer- 
kenswert, daB dieses Gleichungssystem explizit lés- 
bar ist. 

Wie zu erwarten, regen gerade n nur gerade m 
an, und ungerade nur ungerade. Fiir die von einem 
einzigen A,,!) angeregten ,,durchgelassenen” A,,,2) 
ergibt sich fiir gerade m, n (fiir ungerade m, n erhialt 
man ein analoges Ergebnis) *) 
A,,2) f 


ni 


ma Tas 
—- = DD, \Omn + EmEn COS Q COS * ioQ cos 0, 


A, 
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Hierin sind 6,,, das Kroneckersymbol, 
Dm = [1 — ioQ cos 3, (1 — 2? sin’ 3,,)]- 
der Cremersche Ausdruck fiir die durchgelassene 
Amplitude, 2 = w/w,,;, eine dimensionslose Fre- 
quenz (bei w = Wy,;, ist die Biegewellengeschwin- 
digkeit cg = c), und die dimensionslose GrédBe 
Bie VAD Opc 
me 2 06" 

enthalt alle Materialkonstanten (op = Dichte, cp = 
Geschwindigkeit der Dehnungswellen in der Platte). 


F, G, H sind Funktionen von Q und ¢ = 2 


276 
1 @ 5 
=— — a, und zwar ist 
2a CB 


F = —ip+atctghat — © D0 (C+n)4+H 


= iptaberg af — 21D, )7+H 


G 
oo 
B= sD, 

Die GréBe w hangt von den Randbedingungen 
fiir die Platte ab. Es ist 1 =0 im Fall der am Rande 
»gelenkig gelagerten’’ Platte, 4 = 2¢ im Fall einer 
Biegewellen nicht reflektierenden Randbefestigung. 
Diese Randbedingungen entsprechen den Extrem- 
fallen einer dissipationsfreien und einer vollkommen 
dissipierenden Randbefestigung. 

Das reichlich komplizierte Ergebnis (3) zeigt, daB 
im durchgelassenen Schall im allgemeinen alle Wel- 
lentypen vertreten sind, auch wenn die einfallende 
Welle nur eine Richtung #,, enthalt. Offenbar redu- 
ziert sich (3) auf die CREMERsche Formel, wenn die 
eckige Klammer verschwindet. 

Eine Anwendung wurde von dem Ergebnis vor- 
laufig nur gemacht, um nachzupriifen, ob es viel- 
leicht die von Lonpon festgestellten Unstimmig- 
keiten bei sehr kleinen Werten von 2 zu erklaren 
vermag. Dazu wurde fiir eine Aluminiumplatte und 
die Werte 2 = 0,004, xa/2a=5 bis 62) das Ver- 
haltnis von einfallender zu durchgelassener Energie 
(die ,,Durchlassigkeit’”’, im vorliegenden Fall gleich 
|A,(2)/Ay\) |?) in Abhangigkeit von xa/22 berechnet 
(Abb. 2). Die Durchlassigkeit durchlauft in der Um- 
gebung der Resonanz mit einer Biegungseigen- 
schwingung alle Werte von 0 bis 1; im Mittel be- 
tragt aber die Abweichung von der Durchlassigkeit 


DX 


F(1+ Qsin?#,,) (1 + Qsin?d,,) + G (1 — Qsin?#,,,) (1 —Q? sin? d,,) + 2H (1 —Q? sin? d,, sin? d,,) 
xX iG He - (3) 


1) Die Wiedergabe der Rechnung muB einer besonderen 
Darstellung vorbehalten bleiben. 


*) xa/2m ist die in Biegewellenlangen gemessene Seiten- 
lange a. Die Werte entsprechen z.B. einer Platte von 0,4 mm 
Dicke und 1 m Seitenlange bei einer Frequenz von 100 Hz. 
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Abb. 2. Durchlassigkeit einer Platte aus Aluminium fiir 
Q = 0,004, in Abhangigkeit von der in Biegewellen- 
langen gemessenen Seitenlange. 


der unbegrenzten Platte (hier gleich 0,5) héchstens 
einige Prozent. Abb. 2 bezieht sich auf eine dissi- 
pationsfreie Randbefestigung. Im Fall des re- 
flexionsfreien Randes ist die Resonanzstelle prak- 
tisch verschwunden und die Durchlassigkeit weicht 
nirgends nennenswert von der der unbegrenzten 
Platte ab. 

Dieses Ergebnis la8t Zweifel an der Realitat der 
hohen Schallisolationswerte im Bereich w (< Wppj; 
berechtigt erscheinen. 
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Diskussion 


Juncer, M, C.: (1) The scattering action of elastic scatterers 
shows strong frequency dependence and resonance effects 
in the vicinity of natural frequencies of the scatterer. 
(2) For cylindrical radiators the cut-off frequency, where 
km = 0, may coincide with very large reactive impedances, 
thus eliminating the corresponding mode of vibration; 
the action of the fluid then resembles that of a dynamic 
vibration damper. Does this hold for plane radiators, such 
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as an elastic plate? Does the plate act as though it were 
rigid in that mode? 

VORTRAGENDER: (1) The same is the case with elastic plates in 
the vicinity of natural frequencies, see Fig. 2 of the paper. 
(2) Except in the vicinity of resonance frequencies, there 
is no indication of a considerable modification of the im- 
pedance of the plate by reaction of the air. Modes of high 
reactance (k,, = 0) play only a subordinate part in trans- 
mission, because they are excited only weakly. 

Kuni, W.: Ist die gemessene zu hohe Schalldimmung bei 
tiefen Frequenzen, bei denen die beiden MeBraume nur 
wenige Eigenfrequenzen in dem angeregten Frequenzbe- 
reich (z.B. 1/3 Oktave) haben, dadurch zu erklaren, daB 
im Senderaum groBer Schalldruck nur bei Eigenfrequenzen 
dieses Raums auftritt,-daB aber die durch die Trennwand 
hindurchtretende Schallenergie im Empfangsraum, mit 
anderen Eigenfrequenzen, keinen groBen Druck erzeugt? 

VORTRAGENDER: Dieser Effekt sollte sich dadurch ausgleichen, 
daB ebenso haufig der Empfangsraum in Resonanz ange- 
regt wird mit entsprechend tiberhéhtem Schalldruck. Viel- 
leicht ergibt sich aus dem Vortrag von Herrn Peurz ein 
Hinweis auf das Verhalten einer Wand, wenn die Raum- 
eigenfrequenzen nicht mehr dicht liegen. 

Prutz, V. M. A.: I agree with Dr. ScHocu that the relatively 

high value of the transmission loss at low frequencies 
cannot be explained by the effect of the natural frequencies 
of the transmitting and/or the receiving room. 
I would like to make another remark concerning Dr. 
ScHocu’s theory. In order to study the influence of the 
mounting of the samples we have made some measure- 
ments of the transmission loss at normal incidence of a 
number of foils (copper, lead, rubber) in a tube of infinite” 
length. Near the resonance frequency the transmission 
loss of a red copper foil showed the same frequency- 
dependence as the theory of Dr. ScHocu predicts. 

CreMER, L.: Die Theorie der unendlichen Platte gibt eine 
hdhere Isolation als es der Masse zukommen wiirde, wenn 
die Steifigkeit die Masse weit tiberkompensiert, also wena 
die kritische Frequenz tief liegt. Das Hinzukommen der 
freien Wellen wiirde diese gute Wirkung teilweise zunichte 
machen, da sie oberhalb der kritischen Frequenz gut ab- 
gestrahlt werden. Falls es aber gelange, die Biegewellen 
bei der Ausbreitung oder am Rande zu dampfen, ware 
trotzdem die Méglichkeit gegeben, leichte und doch gut 
isolierende Wande zu schaffen. 


TRANSMISSION OF REVERBERANT SOUND THROUGH WALLS 


by R. V. WATERHOUSE 
National Bureau of Standards, Washington, D.C., U.S.A. 


Summary. Further computations of Lonpon’s expression for the transmission loss TL of double 
walls revealed significant differences between the computed results and experimental data, both 
at discrete frequencies and as regards the functional dependence of the loss on frequency. To establish 
more precisely this frequency dependence, particularly in the region of the "coincidence effect’, 
more refined measurements were made giving TL as a continuous function of frequency. Some 
results are presented. 


Sommaire. En poursuivant le calcul numérique de l’expression de Lonpon relative a l’isolement 
sonore des parois doubles, on avait trouvé des différences notables entre les résultats de ce calcul 
et les résultats expérimentaux, tant pour certaines fréquences que pour la variation elle-méme de 
l'isolement avec la fréquence. Afin de pouvoir déterminer cette variation avec plus de précision, 
surtout dans la région de |’ "effet de coincidence”, on a procédé 4 des mesures plus systématiques, 
donnant cette variation d’une maniére continue. On indique dans cet article quelques uns des résultats 
ainsi obtenus. 


Zusammenfassung. Weitere Berechnungen zu LoNDON’s Formel fiir die Schalldammzah! von 
Doppelwanden ergaben deutliche Abweichungen zwischen den errechneten Werten und den experi- 
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mentellen Ergebnissen, sowohl bei einzelnen Frequenzen, als auch hinsichtlich des Verlaufs der 
Schalldammung mit der Frequenz. Um diese Frequenzabhangigkeit exakter festzulegen, besonders 
im Gebiet des ,,Koinzidenzeffektes’”, wurden sorgfaltige Messungen durchgeftihrt, welche die Schall- 
dammzahl als kontinuierliche Funktion der Frequenz ergaben. Einige Ergebnisse werden angegeben. 


1. Introduction 


Some further computations have been made of 
Lonpon’s formula for the transmission loss TL of 
double walls [1]. 

Lonpon’s theoretical treatment differs from others 
in the way that the dissipation factor is introduced. 
The impedance per unit area of each panel of the 
double wall is taken as 

Z=2 R/cos0 + jom, 
where m is the mass per unit area of the panel, R 
is a dissipation factor, 0 is the angle of incidence. 

This factor R was introduced in the first place to 
account for insulation values higher than the mass 
law predicted at low frequencies. CREMER’s theory 
of the coincidence effect was incorporated in the 
above treatment, except that, instead of using a 
complex stiffness to account for dissipation, the 
factor R was used as before. 

Thus in effect one dissipation factor R was used 
to take into account all losses, compressional, 
flexural and by radiation, and in addition the losses 
occurring at the edges of the panels. This procedure 
appeared to be justified empirically in the case of 
single panels of aluminium, plywood and plaster- 
board, where it gave good agreement with experi- 
mental results. However, the values of R required 
to give agreement were considerably larger than the 
known attenuation figures for compressional and 
flexural waves in the materials. 

In applying the above treatment to double ply- 
wood panels and using the same value of R as had 
been used for the single wall cases, it was found that 
the computed results did not agree well with experi- 
ment, particularly at frequencies above the coinci- 
dence frequency. In order to make the theory agree 
with experiment, the factor R was made frequency- 
dependent. This empirical step gave reasonable 
agreement for both single and double plywood 
walls [1]. It was possible to vary R and adjust the 
double wall curve without altering much the single 
wall curve, since the former was far more sensitive 
to changes of R than the latter. 


2. Results of computations 


Further computations have now been made which 
enable the theory to be compared with experiment 
for some double plasterboard walls. Figures 1 and 
2 show these results for 12.5 mm and 25 mm 
plasterboard, respectively, where the resistance factor 
R has been kept the same for all frequencies. 
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Fig. 1. Transmission loss of 12.5 mm plasterboard panels. 
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It is apparent that agreement is not adequate 
under this condition of R being constant. However, 
these computed values are of interest as showing 
the general shape of the transmission loss curve 
predicted for double walls, under the assumptions 
stated. It is seen that the coincidence effect gives 
only a small dip in the theoretical curve, smaller 
than that appearing in the experimental curve. 
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Fig. 2. Transmission loss of 25 mm plasterboard panels. 


The agreement between theory and experiment 
could certainly be improved by making R frequency- 
dependent, as was done in the case of the double 
plywood panels [1]. However, here the single wall 
curves agree fairly well, and altering R to make 
the double wall curves agree better would to some 
extent upset the agreement of the single wall curves. 

The conclusions drawn from these results were 
that R had to, be made frequency-dependent to 
enable the double wall theory to match experiment 
and that since R then became the dominant factor 
in the TL formula, it was desirable to re-examine 
the question of the dissipation and to account for 
it in a less arbitrary fashion. 


292 


3. Results of measurements of TL 


In attacking this problem, it was decided as a 
first step to establish more accurately the shape of 
the TL versus frequency curve, particularly in the 
region of the coincidence effect. Accordingly, meas- 
urements were made of the TL of some of the 
panels considered above, taking advantage of a 
recently developed method for recording the TL 
directly as a continuous function of frequency. This 
method will be described in a paper elsewhere. 
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Fig. 3. Transmission loss of single 12.5 mm plywood panel. 
© = Experimental points measured by another 
method. 


Some of these new measurements are given in 
Fig. 3, 4, 5 and 6. The curves do not give the 
exact TL, as the correction for the absorption of 
the quiet room is not included. This correction 
amounts to about — 2 dB at the higher frequencies 
and is small enough to be ignored in considering 
the main features of the TL curves. 
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Fig. 4. Transmission loss of double 12.5 mm plywood panel, 
76 mm airspace. 
© = Experimental 
method. 
e = Above points corrected for quiet room absorp- 
tion and microphone calibration. 
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The new data agree fairly well with earlier data 
and are considerably more revealing. Firstly, the 
continuous records enable an average TL figure to 
be taken that is in general more accurate than could 
be obtained by measuring with one frequency band 
centered on the nominal frequency. Secondly, the 
sharp drop in the TL curve in the coincidence region 
is shown much more clearly in the continuous record 
than before. The drop is sharper for the plaster- 
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board than for the plywood and is also greater. The 
general shape of the curves for the plasterboard is 
reminiscent of those that result from considering 
the panels to be pure masses, coupled by an elastic 
airspace, the sound field being random; however, 
the large dips in the curves cannot be accounted for 
in this way either as regards their magnitude or the 
frequencies at which they occur and there seems 
little doubt that they are caused by the coincidence 
effect. 
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Transmission loss of double 12.5 mm plasterboard — 
panel, 76 mm airspace. 
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From the known elastic constants of the materials, 
the coincidence frequencies can be computed and 
they check with the experimental data, 

It seems probable that the correct theoretical 
explanation of these TL curves rests with the proper 
introduction of the dissipation factor into the theory. 
While CrEMER’s treatment does not seem sufficient — 
to account for the losses and the shape of the TL 
curve at frequencies below the coincidence effect, 
Lonpon’s treatment does not adequately account 
for the high frequency part of the curve. It is hoped 
to find another way of introducing the loss factors, 
perhaps to some extent a synthesis of both the above 
methods, which will account for the facts. 
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Reference the walls being left bare concrete. Six randomly spaced 

[1] Lonpon, A., J. Res. nat. Bur. Stand. 42 [1949], 605. pressure microphones were used in each room, and thermo- 


couples were used for rectifying. 

Peutz, V. M. A.: What are the dimensions of the panels 
and the rooms used? 

LECTURER: Dimension of panels: 1.83 x 2.29 m?, quiet room: 


Discussion 2.67 x 3.66 x 4.88 m, loud room: 2.97 x 2.90 x 3.64 m®. 

Korn, T.: What was done to diffuse the sound in the trans- | JorpaN, V. L.: Did the speed of recording affect the ampli- 

mission rooms ? tude of the irregularities on the transmission loss versus 
LectTurER: In the source room ten loudspeakers were used, frequency curve? 


giving a warble tone. Both rooms were quite reverberant, LECTURER: The experiment showed that it did not. 


See 527, 
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CLOSING LECTURE 


by H. B. G. Casimir 
Philips Research Laboratories, Eindhoven, Netherlands 


Art, Science and Technology 


n the reaction of man towards the world around him we can distinguish two different tendencies. There 

is the engineer, the man who tries to dominate the forces of nature, to protect himself against them if 
necessary, to use them if possible, the man who tries to form matter at his will. This is not pure materialism 
and the moving force is not only the desire to improve the lot of mankind: the creative urge is deeply rooted 
in the human race and there enters a spiritual factor in every technical achievement because it shows the 
victory of the intellect over the material world. But there is also the physicist, the natural philosopher, 
who tries to penetrate into the nature of things, to find relations between the apparently unrelated, the 
man that is driven by a profound curiosity and who looks for harmony in a consistent picture of the physical 
world. These two tendencies are not always at peace. The conflict between them may even exist in our 
own hearts, for the man of action will know moments when he longs for quiet meditation whereas the pure 
scientist feels at moments unsatisfied with his own efforts because he has created nothing ”real’’. And if 
the conflict exists inside ourselves it can be even more pronounced between exponents of the two ways 
of thinking. Yet it is obvious that our civilization of today is the result of a close cooperation of the scientist 
and the engineer: their joining of forces is perhaps the most characteristic feature of our industrial and 
technical age. 

A few historical remarks may help to illustrate the point. The Greeks had both superb craftsmanship 
and profound philosophy. But the knowledge of the craftsman was mainly empirical and hardly influenced 
by the systems of thought of the great philosophers, although there were notable exceptions. Again the 
philosophy of St Thomas Aquinas did not help the architects of the cathedrals to solve their constructional 
problems. It is often said that the Renaissance was the beginning of a new era in natural philosophy, an 
era characterized by systematic experimentation and by the application of quantitative mathematical analysis 
to the interpretation of experimental data. This is true, but it is also true that it marked the beginning 
of the application of the results of exact science to the solution of engineering problems. 

CHRISTIAAN HuyGENs is a good example. He was certainly a great physicist who made notable contri- 
butions to dynamics, optics and-astronomy but he was also one of the first great technical physicists. When 
he developed the theory of geometrical optics it was because he wished to construct better telescopes. 
Much of his work on dynamics was done in connection with his studies on clocks and, as a matter of fact, 
the way in which he tackled the problem of constructing a reliable timepiece was very analogous to the ap- 
proach of a modern engineer — the difference being of course that HuyGens could not take the formulae 
from a textbook but had to derive them from scratch. 
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It seems hardly necessary further to elaborate on these historical developments. Nor do I want to speak 
today on the problem of reconciling technology and fundamental science, although it is the key to successful 
industrial research and development. 

What I should like to emphasize today is that, whereas a union — be it at times a somewhat tumultuous 
one — has been achieved between technology and science, there has at the same time been created a schism 
between art and technology, between the artist and the artisan. 

In ancient Greece, in medieval Europe, there was hardly a distinction between the two. The masons 
and stonecarvers of the middle ages produced works of great beauty, but they were also workmen taking 
part in the erection of buildings that are impressive even by the standards of modern technical constructions. 
BENVENUTO CELLINI was an artist, but he was also struggling with the technological problems of what 
today is known as precision casting. These things have changed and although every form of art requires 
a certain technology, yet this technology has on the whole not followed the development of our industrial 
age. Bridging the gap between abstract science and craftsmanship has created our civilization but it has 
also destroyed the unity between arts and crafts. The artist regards our industrial civilization with under- 
standable distrust. And not only the artist: for all of us there is a discrepancy between intuitive feeling 
and technical knowledge and habits. This is clearly revealed by the use of metaphors in poetic language 
and even in daily speech. A metaphor based on older crafts is alright but more modern expressions are 
simply ridiculous. It is more or less acceptable to say that a character is like iron, forged by the blows of 
fate, but much less acceptable to say that it has been shotpeened by the course of events. Yet everyone familiar 
with the technique of shotpeening, where a surface is rendered more resistant by the impact of numerous 
small particles, will have to admit that this is an apt comparison. In the streets of our towns there are rather 
more bicycles than buffaloes, but I distinctly remember at least one Dutch poem where gathering clouds 
are compared to a herd of buffaloes. There are very few poems mentioning bicycles. Similarly there is a 
distrust of modern apparatus: musical instruments involving amplifiers and other electronic gear have not 
been wholeheartedly accepted by serious musicians; not only because of the shortcomings of such instru- 
ments — they might be improved — but because of the very circumstance that they use devices with which 
our feelings are not yet sufficiently familiar. Compare this to the great Italian violin builders who, of course 
used the best technical means available at the time. 

This schism between art and technology, between our feeling and our daily experience is one of the 
great problems of our age. 


What has all this to do with electro-acoustics ? Whereas in other branches of science the physicist and 
engineer can do their work without paying heed to the relations between art and science, the acoustician 
is put face to face with this issue and has to attempt a solution. For although neither the physics of sound 
nor the techniques of electro-acoustics can be regarded as finished subjects, yet it seems to me the problems 
of electro-acoustics are today, to a large degree, artistic and psychological. The tools put at our disposal 
by modern science and modern technology are getting more and more perfect, and the problem of how 
to use these tools for the reproduction and recording of music and perhaps for the creation of novel musical 
instruments cannot be solved without consideration of artistic values. The task is not an easy one. In mo- 
ments of leisure the scientist may play the violin, enjoy a concert and be on friendly terms with the profes- 
sional artist, but to achieve a true synthesis is quite a different thing and much more difficult. The scientist 
has to renounce his all too frequent conceit and to recognize that his knowledge of frequency spectra and 
of the dynamics of vibrations does not explain the essential beauty of a musical tone or the spiritual content 
of a composition. The artist on the other hand has to conquer his distrust and to realize that, although the 
sounds he produces can be analyzed by physical science and modified at will by processes of recording 
and reproduction, this does not infringe his rights as an artist. 

Acoustics has a noble tradition. In the culture of the Greeks it was an example that seems to disprove my 
earlier remarks, for here philosophy, quantitative observation and art worked closely together. It is essential 
for the development of acoustics in general, and electro-acoustics in particular, again to bridge the gap and 
to achieve unity. In so doing acoustics will not only assure its own future but also make a momentous 
contribution to the solution of one of our most fundamental problems. 


EXCURSIONS 


REPORT OF THE EXCURSIONS HELD DURING THE CONGRESS PERIOD 
FOR MEMBERS AND ASSOCIATES 


VISIT TO THE BROADCASTING STUDIOS AT HILVERSUM, 
ON FRIDAY JUNE 19ru, 1953. 


Concurrent excursions were made to the Tech- 
nical Department of the ’’ Nederlandse Radio-Unie”’ 
and to the studios of the Broadcasting Corporations 
A.V.R.O., N.C.R.V. and V.A.R.A. 

In the studio buildings several recording and con- 
trol rooms were shown, having newly designed 
amplifier systems. 

A drama studio, incorporating. many sound effects 
obtained by electrical and acoustical means, gave an 
example of the most complicated electro-acoustic 
apparatus now in use. 


In the Aupio FREQUENCY LABORATORY an exhi- 
bition was arranged of specimens of standard ampli- 
fiers, power supply and auxiliary units, such as are 
being applied in today’s N.R.U. studio equipment. 
All types of units are constructed in chassis of 
uniform shape and size, to enable the exchange of 
units to be made in a few seconds without the use 
of tools. 

The principal units are a 56 dB, 300 mW mike- 
to-line amplifier (two stages) and a 10 W power 
amplifier. The applied amount of feedback (over 40 
dB) gave excellent properties to the amplifiers; e.g. 
distortion figures of 0.25 94 max., A.F. response 
within + 0.5 dB, and correct transient response. 

Other important units shown were a standard mo- 
dulation peak-level indicator, giving correct indica- 
tion on a quasi-logarithmic scale for pulses of 10 ms 
and longer, a standard oscillator-amplifier for mag- 
netic recording and a standard magnetic tape play- 
back amplifier, employing a pre-emphasis of 35 us 
according to C.C.I.R. recommendations. The whole 
system was developed, electrically and mechanically, 
by the N.R.U. Engineering Dept. 


In the Sounp RECORDING LABORATORY were shown 
amongst others things 

a test stand for magnetic tape, enabling one to 
measure all important parameters of a magnetic tape, 
both electrical and mechanical; 

an electrodynamic cutter for fine-groove recording, 
having feed-back from the needle point velocity to 
the amplifier input, thus giving extremely low 
distortion; 


a disc recording machine of Dutch manufacture 
(Strefofoon Ltd., Rotterdam), in which the turntable 
slides, instead of the cutter bracket. Starting and 
stopping of the recording process is done by a 
pushbutton controlled servo mechanism, This 
machine has proved to be almost as easy to handle 
as a magnetic tape recorder and to run for several 
thousands of hours without any maintenance; 

a professional playback turntable by the same manu- 
facturer for 78, 45, and 334 r.p.m., containing three 
different synchronous motors and worm gears. One 
of the speeds is chosen by switching the corres- 
ponding motor. Only the (fastest) running worm- 
wheel is coupled to the turntable shaft by a friction 
freewheel coupling; 

a demonstration of measuring wow and flutter of 
a playback turntable, using a magnetic recording 
disc. This method enables the exclusion of errors, 
due to excentricity, because this disc is played back 
in the same position on the turntable as it was 
recorded just before. 


DEMONSTRATIONS OF AN OUTSIDE BROADCAST VAN 

A van was demonstrated, having not only normal 
audiofrequency facilities, but in addition two walkie- 
talkies of full broadcast quality. With a power of 
only 0.2 W, a carrier frequency of approx. 100 Mc/s 
frequency-modulated, a working range of a few 
hundred meters was guaranteed. 

In the van, a transmitter of 10 W, amplitude 
modulated on a carrier frequency of 45 Mc/s, was 
used to enable talk-back. 

In addition smaller F.M. transmitters were avail- 
able of pocket size; for special cases this provides 
the possibility for the commentator to work under 
unobserved conditions. 


Demonstrations in the acoustical laboratory 
Automatic reverberation time measuring equipment 

An apparatus has been developed, recording auto- 
matically reverberation-time versus frequency.About 
300 measurements covering the frequency-range 
from 35 to 10000 c/s, are plotted in less then 20 
minutes. The frequency intervals for the low fre- 
quencies are 1 to 2 c/s. Room and other resonances 
are easily detected. 
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Magnetic reverberation machine 

A machine, using an endless magnetic tape and 
only one reproducing head, may give a sufficient 
number of reflections to ensure a good simulation 
of reverberation. By means of a short delay-time 
and a stable feed-back circuit, a reverberation-time 
of 3 s was obtained; to avoid the effect of ’’pail- 
sound”’, it was necessary to have a nearly flat overall 
frequency-characteristic. This was achieved by 
adding the original signal in opposite-phase and pre- 
determined amount to the series of reflections. 

Transmissions from concerthalls, having a short 
reverberation time, can be improved by inserting 
this apparatus in one or more microphone circuits. 


Small reverberation box 

For the same purpose a small reverberation box 
has been constructed. The box, having dimensions 
of 1.70 x 1.40 x 1.05 m%, is made of plywood of 
25 mm thickness. The inner walls are covered with 
glass plates. A second set of glass plates is attached 
flexibly to the walls, forming an inner box. The 
reverberationtime obtained is 2 s at 1500 c/s and 
nearly 1 s at 10 000 c/s. 


Selective sound level meter 

A sound level meter has been made with 18 third 
octave band-pass filters, according to the proposals of 
the ’’Provisional code for measurements of sound 
insulation” *), and is being used for the measure- 
ment of impact sound transmissions and airborne 
sound insulations. The electrical noise level of the 
apparatus itself is very low, the equivalent resistance 
being only 30 Q at the 200 Q winding of the input 
transformer. This corresponds to a sound pressure 
level of 2 dB for the 100 c/s filter with a normal 
sensitive microphone. 


White noise generator 
A small noise generator for the measurement of 
sound insulation is based on the super-regenerative 
*) PARKIN, P. H., Report of the 1948 Summer Symposium 


of the Acoustics Group, The Physical Society, London 
1949, p. 36. 
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principle. It contains a super-regenerative detector, 
which amplifies the electronic noise of the tube 
itself. The external dimensions are 21 x 16 x 16 
cm?, 


Condenser microphone with cardioid directional re- 
sponse 

A cardioid condenser microphone has been de- 
veloped with a flat frequency response up to 13 000 
c/s (- 2 dB). It contains a nickel and an insulating 
triafol membrane. The nickel membrane, which 
is very stable, is made by electro-plating chromium 
steelplate; the nickel foil can easily be removed from 
the steel plate. 


Measuring apparatus for membrane stress of condenser 
microphones 

For the research on the stability of several 
kinds of membrane materials an apparatus has been 
made by which the stress of the membrane at the 
complete microphone can be measured. A d.c. 
voltage is supplied to the microphone and the 
increase of the capacity is used to measure the stress, 
which can be directly read from a dial in dyne/cm?. 


Recording of polar diagrams of microphones in an 
anechoic room 

The microphone to be measured is mounted on 
a turntable, placed in an anechoic room. The turn- 
table moves synchronously with a polar diagram 
recorder, allocated in a separate measuring room. 
The walls of the anechoic room are covered with 
about 4200 wedges, made of ’’Estanisol’’, a product 
of tin slagwool. The length of the wedges is 50 cm, 
the cut-off frequency is 160 c/s. . 


After the excursions a reception was given by the 
Municipality of Hilversum, in the form of a cocktail | 
party, allowing an inspection of the interior of the 
Town Hall, famous for its modern architecture by 
Dupok. 

An evening concert, played by the ’’Radio Phil- 
harmonisch Orkest’’, in the studio of the Broad- 
casting Corporation K.R.O., concluded the excur- 
sion to the Dutch Radio-City of Hilversum. 


VISIT TO N.V. PHILIPS’ PHONOGRAPHISCHE INDUSTRIE, BAARN, 
ON FRIDAY JUNE 197u, 1953. 


General 

The visit to ’’Philips’ Phonografische Industrie”’ 
in Baarn was meant to give the members and their 
guests some idea of the activities of Philips in regard 
to gramophone records. 


The acetate production (the recording of the 
master discs) is not described, as the main purpose 
of the visit was to look at the fabrication and mass 
production methods rather than the electro-acousti- 
cal techniques. In the following account, it is there- 
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fore assumed that the factory receives a certain num- 
ber of recorded acetates and that it starts to manu- 
facture records from these discs. The successive 
stages of production will now be briefly given. 


Galvanic and chemical processes 
As the recorded acetate is very fragile and easily 
damaged, a copy is first made which is mechanically 
_ stronger and less sensitive to damage. For this pur- 
pose the acetate is chemically silver plated by a 
method similar to that used for the silver plating of 
mirrors. The silvered acetate is then copper plated 
in an electroplating bath. The extremely thin silver 
film on the acetate is thus reinforced by a thick 
copper layer. By means of a special technique the 
acetate is then separated from the copper disc. It 
appears that the silver film adheres strongly to the 
copper and detaches completely from the acetate. 
The copper disc with silver face is called the ’’nega- 
tive’, or colloquially, the ’’father’. When a father 
has been made, the acetate plays no further part in 
the fabrication process and is stored in the files. If 
necessary it is usually possible to repeat the afore 
mentioned operation if another father is required, 
but sometimes pieces of lacquer, adhering too 
strongly to the silver film, are torn off the acetate 
when separating it from the father. If this happens 
the acetate is then worthless, and a new one may 
have to be made. 

Since the acetate original has grooves, the nega- 
tive or father has upstanding ridges on its metallic 
surface. This means that a father cannot be played 
back with a pick-up, so that a simple playback test 
to check whether the print conforms to the recording 
on the acetate is not possible. It should be noted 
that the father is uniquely valuable, since it is the 
first exact print of the original recording, and 
handling should be reduced as much as possible. Of 
course one would be able to mould an actual record 
direct from the just finished father or negative. 
During the moulding process, the negative would 
then press grooves into the record material which 
are an exact facsimile of the ridges on the negative. 
The record thus produced could then be played 
back in the usual way. This process, however, is only 
applied in very special cases where the number of 
records required is small, because, if the negative is 
damaged, the recording needs to be made again, unless 
another negative can be made from the acetate 
original. If the father is to be spared copies of the 
father must be made along other lines. 

Exact copies of the father are obtained through 
an intermediate stage. A positive or ’’mother’’ is 
made from the father in an electroplating bath in 
roughly the same way as the father was prepared 
from the acetate. This positive will be identical to 
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the acetate and can therefore be played back with 
a pick-up. By playing back and inspecting this 
mother by means of a microscope, any irregularities 
which might be present in the grooves can be detected. 

Along exactly the same lines a’’son” or ’stamper”’ 
is made from the mother, which of course will be a 
facsimile of the first metal copy, being itself also a 
negative. This son or stamper is now ready for the 
process of moulding the gramophone records, 

It is obvious that by following this method, all 
practical precautions have been taken to prevent the 
loss of a recording: it is now possible to make 
several positives from the first negative, and a large 
number of stampers from the positives with less 
risk of damaging one of the metal parts. 


Preparation of the raw material 

As the regular output of the record manufacturing 
plant of PPI consists partly of normal shellac records 
and partly of unbreakable p.v.c.-type*) records, two 
types of raw material have to be prepared before the 
actual pressing process can start. The shellac com- 
pound is prepared in a special ball mill by milling 
all constituents to a very fine grain, dry-mixing 
them in exact proportions and plasticising them in a 
special mixer. After preparing a certain amount of 
this material it is scraped off the heated cylinder 
and fed into a calender in which the material is 
flattened out to the exact thickness and cut into 
biscuits” of a given dimension and weight. 

The production of the material for the unbreakable 
plastic records is similar to that for the shellac 
records as far as the dry-mixing is concerned. 
However, the compounding takes place not in 
mixing rolls but in an extrusion mixer. This machine 
gives the finished raw material in the form of chips 
or pellets which in certain respects is advantageous 
for this material. 


The pressing process 

In the moulding of records from stampers, it is 
most important that the record should be perfectly 
flat and accurately concentric (to prevent the phe- 
nomenon of ’'wow’’). Accordingly the stampers are 
centred” optically and turned smooth at the back 
by means of a special turning lathe. 

Two stampers are mounted in the press by 
clamping rings and are heated up. A ball of preheated 
record material, either of the shellac or of the 
p.v.c.-type, is put between both stampers and 
the press is closed under a very high pressure. 
The material is moulded on both sides by both 
stampers at the same time, the ridges of the stampers 
forming grooves in the material. When the stampers 


*) Polyvinylchloride, known under trade names such as 
Vinelyte. 
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have cooled down, the press can be opened and the 
record can be removed. After the pressing the edge 
of the record is polished and every record is sub- 


mitted to a visual inspection. Furthermore there is 


an auditory inspection of a large number of records, 
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which are picked out at random as the production 
comes off the press. Only in this way is one able 
to check the quality of the actual product during the 
production process. After these inspections the 
records are put into their covers and stocked. 


VISIT TO THE N.V. PHILIPS’ GLOEILAMPENFABRIEKEN, EINDHOVEN, 
ON MONDAY JUNE 22np, 1953. 


This day’s programme consisted of: 

a) a demonstration of sound reproduction in the 
studio of the Main Industrial Division of 
Electro-Acoustics (ELA), 

b) a visit to a number of production departments, 

c) a number of demonstrations in the Research 
Laboratories. 

Short descriptions of the last-named demonstra- 
tions are given below. References to Philips publi- 
cations are given. Many of the results shown to the 
Congress have not yet been published in which 
cases references to earlier work on the same subjects 
are given. 

Where the "Philips technical Review’’ is quoted 
the same articles will be found in the French, Ger- 
man and Dutch editions, but on slightly different 


pages. 


X-ray image intensifier (M. C. Teves, T. Tor) 

The X-ray image intensifier is an electronic tube, 
producing an image that is approximately 1000 times 
brighter than that of an ordinary fluoroscopic 
screen, when irradiated with the same X-ray dosage. 
The tube functions on the principle of the image 
converter: X-rays produce on a fluorescent screen 
an image, whose radiation liberates electrons from 
a photocathode in contact with the screen. The 
electrons focused by an electrostatic electron lens 
form a bright image on a second screen. 

With this tube, applied in X-ray diagnostics, the 
radiologist can see more details than with conven- 
tional fluoroscopy, even without a long visual 
adaptation period. 


Teves, M. C. and Tox, T., Electronic intensification of 
fluoroscopic images. Philips tech. Rev. 14 [1952], 33. 


Physiological department (S. WoOLDRING) 

A demonstration was given of testing vibration- 
thresholds of the skin for frequencies from 20 to 
1000 c/s. 

The amplitude of the mechanical vibrator is 
measured by integrating the inductive EMF of a 
separate coil connected to the vibrating stylus. 


Galvanic skin responses have been used as an aid 
to audiometry. A psychogalvanometer built for this 
purpose was shown. 

Respiratory physiology asks for rapid gas analysis. 
Several methods have been tested in this laboratory. 
An apparatus by which the intensity of the spectral 
lines of atmospheric gases in a discharge tube is 
measured, was shown. 


Electron Microscope (A. C. VAN DorRsTEN) 

A new electron microscope was demonstrated. 
The instrument is of simplified design but still 
capable of resolutions better than 100 A (10-® centi- 
metres). By reducing the focal length of the objective 
lens down to practically its physical limit, namely, 
0.8 millimetre, a considerable reduction of the 
chromatic error has been obtained and it has been 
possible to omit the complicated electronic stabilizers 
for lens current and high voltage that have been 
common to all magnetic electron microscopes so far. 


VAN DorsTeEN, A. C., Nr—Euwporp, H. and VeERHoeErrF, A., 
The Philips 100 kV electron microscope. Philips tech. Rev. 
12 [1950], 33. 


Large-screen television system (J. HAANTJES) 

Part of the demonstrations were shown by means 
of television. The lecturers were in a small studio 
which was used for three years for the first experi- 
mental television transmissions in the Netherlands. 

Two cameras, using image iconoscopes, took 
pictures of the lecturers and the objects to be shown. 

The pictures were reproduced by means of a large 
screen projector. The projector contains a 12.5 cm 
projector tube working with 50 kV on its final anode 
and is provided with a so-called ScumipT optical 
system. 


HaanvyjeEs, J. and vAN Loon, C. J., A large-screen television 
projector. Philips tech. Rev. 15 [1953], 27. 

FRANCKEN, J. C. and Brurninc, H., New developments in 
the image iconoscope. Philips tech. Rev. 14 [1953], 327. 


Transistors (F. H. STre.tygs) 
Transistors are new electronic amplifiers. There 
is nO vacuum in.them, nor a heated cathode. In one 
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type, the so-called junction-type, all actions take 
place in one tiny single crystal of a well-chosen semi- 
conductor, preferably germanium at the present 
time. In spite of its smallness, the single crystal 
should contain three different layers namely one 
"N-layer’’, called the emitter, which has a function 
analogous to the cathode of a vacuum triode, one 
"P-layer’’ called the base, having a function analo- 
- gous to that of the vacuum and the grid combined, 
and another ’’N-layer’’, called the collector, which 
acts as a sort of anode. 

A circuit model incorporating a junction trans- 
istor was shown over the television system. 


Delta modulation (F. DE JAGER) 


In delta modulation the information signal as 
speech or music is converted into a sequence of 
binary pulses. These pulses are transmitted as 1,0 
pulses which occur at equidistant time-intervals. 
As each pulse is known to have either the value 1 
or 0, the noise in the transmission path can be 
eliminated if it does not exceed half the amplitude 
of a pulse. At the receiving end, a reconstruction of 
the original is obtained by applying this sequence of 
pulses to a linear network which consists of an 
integrating device and a low-pass filter. The required 
pulse series is obtained at the sending end by making 
use of a quantized feedback: a feedback action which 
is quantized both in time and in amplitude. Due to 
the process of quantization a small difference re- 
mains between the original and the reconstructed 
signal and this is heard as a quantizing noise. This 
noise can be decreased by increasing the pulse fre- 


quency. 


SCHOUTEN, J. F., DE JAGER, F. and Greerxes, J. A., Delta 
modulation, a new modulation system for telecommunication. 
Philips tech. Rev. 13 [1952], 237. 

DE JAGER, F., Deltamodulation, a method of PCM trans- 
mission using the l-unit code. Proc. London Symp. on 
Commun. Theory, 1952 (Butterworths scient. Publ.). Philips 
Res. Rep. 7 [1952], 442. 


Music reproduction (D. K1E!s) 


In order to trace the elements essential for good 
sound reproduction, eight-channel sound reproduc- 
tion equipment has been installed in the Labora- 
tories’ experimental auditorium. 

By means of an endless magnetic tape, six re- 
producing heads and feedback from the last head, 
reverberation is artificially produced and added to 
a two-channel stereophonic reproduction by means 
of separate loudspeakers distributed over the audi- 
torium. This makes it possible to control and vary 
independently different elements that influence the 
sound quality. 
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During the demonstration the ratio of direct to 
indirect sound was varied, giving the illusion that 
the soloist was moving forward and backward. 
Changing the feedback results in a variation of the 
reverberation time. This can also be obtained by 
changing the speed of the tape, but the acoustic 
illusion is different. 

The final chorus of Bacn’s ’’Mattheus Passion’’ 
directed by HEenrr ARENDS was reproduced in the 
darkened hall with the circuit constants adjusted to 
simulate church acoustics. The following references 
relate to stereophonic reproduction only. 


DE Borr, K., Stereophonic sound reproduction. Philips 
tech. Rev. 5 [1940], 107. 

DE Borer, K. and vAN Urx, A. Tu., Some particulars of 
directional hearing. Philips tech. Rev. 6 [1941], 359. 

DE Boer, K., Formation of stereophonic images. Philips 
tech. Rev. 8 [1946], 51. 

DE Boer, K., A remarkable phenomenon with stereophonic 
sound reproduction. Philips tech. Rev. 9 [1947], 8. 


Ferromagnetic materials (H. P. J. Win) 


Ferroxdure is the name for a type of permanent 
magnetic material developed during the last few 
years in the Philips Research Laboratories. It is a 
ceramic product consisting mainly of very small 
hexagonal crystals of BaFe,.O,9. For the crystal- 
oriented kind of Ferroxdure the quality factor 
(BH) maz can be about 3 x 10° gauss oersted. 

Properties favourable for some applications were 
discussed. 

Something was also said about the influence of 
mechanical stresses on the hysteresis loop of the 
soft magnetic ferrites; glass covered ferrite rings 
showing a rectangular hysteresis loop were shown. 


WENT, J. J., RATHENAU, G. W., GorTER, E. W. and van 
OosTERHOUT, G. W., Ferroxdure, a class of new permanent 
magnet materials. Philips tech. Rev. 13 [1952], 194, 

RATHENAU, G. W., Smit, J. and Stuyts, A. L., Z. Phys. 
133 [1952], 250. 

Wyn, H. P. J., Thesis Leyden 1953, Philips Laboratories 
separate No. 2092. 


Electronic telephone exchange (J. DomBurc) 


The idea of using electronic circuits in an auto- 
matic telephone exchange is not new. Light rays, 
electron rays, rectifier cells and vacuum tubes, 
amongst other things, have been suggested for ap- 
plication as speech contacts, 

To study the possibilities of electronic switching 


‘in automatic exchanges, a small all-electronic ex- 


change for 10 lines and 3 connecting circuits has 
been designed, in which cold-cathode tubes have 
been used for switching purposes in both speech 
circuits and the signalling circuits. 
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Some basic principles were explained and a de- 
monstration was given. 


Six, W., Een geheel electronische automatische telefoon-. 


centrale. De Ingenieur 63 [1951], E 50. 

S1x, W., Het gebruik van koude kathodebuizen als schakel- 
element. Tijdschrift van het Nederlands Radiogenootschap 
17 [1952], 17. 

Six, W., Communication News (not yet published). 

Dompurc, J. and Six, W., Philips tech. Rev. (not yet 
published). 


Hearing Aids (A. G. TH. BECKING) 
One of the hearing aid problems that is still 
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unsolved is what its overall acoustic frequency re- 
sponse should be. This applies to its general be- 
haviour, but especially to the question as to what 
extent peaks and valleys can be tolerated. A sort of 
master hearing aid has been constructed, which 
allows us to test, on hard-of-hearing persons, char- 
acteristics which range from a very peaked to a 
completely smooth response. Some of its possibilities 
were demonstrated over a loudspeaker. 


Bom, P., An electronic hearing aid. Philips tech. Rev. 15 
[1953], 37. 
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